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1 This document has been translated by computer. So the translation may not reflect the original 
precisely. 

2.**** shows the word which can not be translated. 
3.1n the drawings, any words are not translated. 



CLAIMS 



[Claim(s)] 
[Claim 1] 

It is the approach of making the sound field which consist of two or more sound channels using 
the array of an output transducer, 

The step which is a step which chooses the 1 st delay value about each output converter, and 
chooses said 1 st delay value according to the location in said array of each of said converter for 
every channel, 

The step which is a step which chooses the 2nd delay value for every channel, and chooses said 
2nd delay value from said array according to the anticipation travelling distance of the acoustic 
wave of the channel concerned to a listener, 

The step which delays only the value which has the 1 st component which is the step which 
obtains the duplicate which delayed the signal showing each channel about each output 
transducer, and consists each delay duplicate of said 1st delay value, and the 2nd component 
which consists of said 2nd delay value, 
since — the approach of changing. 
[Claim 2] 

The approach give said 2nd delay to said signal and only said each 1st delay value subsequently 
delays each duplicate before reproducing each signal showing said channel in an approach 
according to claim 1 or 2. 
[Claim 3] 

Said 1st delay value is an approach chosen according to a given direction so that each sound 
channel may be sent out in each direction in an approach according to claim 1 or 2. 
[Claim 4] 

How to send out each channel in each different direction in an approach according to claim 3. 
[Claim 5] 

How to perform selection of said 2nd delay value in an approach given in any 1 term of the 
above-mentioned claim so that the part to which all sound channels are equivalent may reach 
said listener simultaneously substantially. 
[Claim 6] 

It is equipment which makes sound field, 

Two or more inputs for two or more signals of each showing a different sound channel, 
The array of an output converter, 

each output converter — being related — each — the duplicate means constituted so that the 
duplicate of each input signal might be obtained, 

A 1 st delay means by which only each 1 st delay value chosen according to the location in said 
array of each of said output converter was constituted so that each duplicate of each signal 
might be delayed, 

A 2nd delay means by which only the 2nd delay value chosen from said array for every channel 
according to the anticipation travelling distance of the acoustic wave of the channel concerned 
to a listener was constituted so that each duplicate of each signal might be delayed, 
since — the equipment which changes. 
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[Claim 7] 

Equipment with which said 2nd delay means is constituted in equipment according to claim 6 so 
that said input signal may be delayed before a duplicate is created by said duplicate means. 
[Claim 8] 

It is equipment chosen even if it responds in the given direction so that said 1st delay value may 
send out each sound channel in said each direction in equipment according to claim 6 or 7. 
[Claim 9] 

Equipment which sends out each channel in the different direction in equipment according to 
claim 8. 
[Claim 10] 

Equipment with which said 2nd delay means is constituted in equipment given in claim 6 thru/or 
any 1 term of 9 so that all sound channels may reach a listener simultaneously substantially, and 
said 2nd delay may be chosen for every channel. 
[Claim 11] 

It is the approach of making the sound field which consist of a central channel and at least one 
surround sound channel, and sending out said at least one surround sound channel in the 
predetermined direction using the array of an output transducer, 

The step which is a step which chooses the 1 st delay value about each output converter, 
chooses said 1 st delay value to said at least one surround sound channel according to the 
location in said array of each of said converter, and sends out said channel in said predetermined 
direction, 

The step which is a step which chooses the 2nd delay value to said central channel, and chooses 
said 2nd delay value from said array according to the anticipation travelling distance of the 
acoustic wave of said channel to a listener, 

The step which delays only said 1st delay value which is the step which obtains the duplicate 
which delayed the signal showing said at least one surround sound channel about each output 
transducer, and calculated each delay duplicate about an output transducer and the channel 
concerned concerned, 

The step from which it is the step which obtains the duplicate which delayed the signal showing 
said central channel about each output transducer, and only said 2nd delay value delays each 
delay duplicate, 

The step which outputs said delay duplicate using the array of said output converter, 
since — the approach of changing. 
[Claim 12] 

an approach according to claim 11 — it is — further 

To said central channel, it is the step which chooses the 1st delay value about each output 
converter, said 1st delay value is chosen according to the location in said array of each of said 
converter, and the step which sends out said central channel in the predetermined direction is 
included, 

The step which obtains the duplicate which delayed the signal with which said central channel is 
expressed about each output transducer is , 

The step from which only said 1 st delay value calculated about said each output transducer and 
the central channel concerned delays each duplicate showing said central channel of said signal 
is included, 
Approach. 
[Claim 13] 

The duplicate of said signal which expresses said central channel in an approach according to 
claim 1 1 is the approach that do not make it delayed by values other than said 2nd delay value, 
but said 2nd delay value is the same about each duplicate of said signal. 
[Claim 14] 

an approach given in claim 1 1 thru/or any 1 term of 13 — it is — further 
To said at least one surround sound channel, it is the step which chooses the 2nd delay value 
about each output converter, and the step which chooses said 2nd delay value from said array 
according to the anticipation travelling distance of the acoustic wave of said channel to a 
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listener is included, 

Said step which the signal showing said at least one surround sound channel is delayed about 
each output transducer and obtains a duplicate is , 

The step from which only said 2nd delay value calculated about said each output transducer and 
said at least one surround sound channel delays each duplicate showing said at least one 
surround sound channel of said signal is included, 
Approach. 
[Claim 15] 

How to give said 2nd delay to each signal showing said central channel in an approach given in 
claim 11 thru/or any 1 term of 14 before reproducing said signal. 
[Claim 16] 

The approach said sound field are equipped with two surround sound channels, and send out 
each surround sound channel in the different direction in an approach given in claim 1 1 thru/or 
any 1 term of 1 5. 
[Claim 17] 

How to perform selection of said 2nd delay value in an approach given in claim 1 1 thru/or any 1 
term of 1 6 so that the part to which all sound channels are equivalent may reach a listener 
simultaneously substantially. 
[Claim 18] 

How to output by said each output converter in an approach given in claim 1 1 thru/or any 1 
term of 1 7, after adding said delay duplicate of said signal showing said at least one surround 
sound channel to each delay duplicate of said signal showing said central channel. 
[Claim 19] 

How to rebound the acoustic wave of said at least one surround sound channel on a front face 
like a wall in an approach given in claim 11 thru/or any 1 term of 18 before reaching a listener. 
[Claim 20] 

It is equipment which makes sound field, 

A means to receive two or more input signals showing at least one surround sound channel and 
central channel, 

The array of an output converter, 

The duplicate means constituted so that the duplicate of said signal showing said at least one 
surround sound channel and the duplicate showing a central channel of said signal might be 
obtained about each output transducer, 

The 1 st delay means constituted so that only each 1 st delay value which chose each duplicate 
showing said at least one surround sound channel of said signal according to the location in said 
array of each of said converter might be delayed and said channel might be sent out in the 
predetermined direction, 

The 2nd delay means constituted so that only the 2nd delay value which chose each duplicate 
showing said central channel of said signal from said array according to the prediction travelling 
distance of the acoustic wave of said channel to a listener might be delayed, 
Preparation ****** equipment. 
[Claim 21] 

Equipment which only each 1st delay value as which said 1st delay means chose each duplicate 
showing said central channel of said signal further in equipment according to claim 20 according 
to the location in said array of each of said converter is delayed, and is constituted so that said 
central channel may be sent out in the predetermined direction. 
[Claim 22] 

Equipment constituted so that only each 2nd delay value as which said 2nd delay means chose 
each duplicate showing said at least one surround sound channel of said signal from said array 
further in equipment according to claim 20 or 21 according to the anticipation travelling distance 
of the acoustic wave of said channel to a listener may be delayed. 
[Claim 23] 

Equipment constituted in equipment given in claim 20 thru/or any 1 term of 22 so that said input 
signal may be delayed before said 2nd delay means reproduces with said duplicate means. 
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[Claim 24] 

Equipment which said sound field equip claim 20 thru/or any 1 term of 23 with two surround 
sound channels in the equipment of a publication, and is constituted so that it may be made to 
send out in the direction in which said 1 st delay means differ each surround sound channel. 
[Claim 25] 

Equipment constituted so that all sound channels may reach a listener simultaneously 
substantially and said 2nd delay means may choose said 2nd delay to said channel in equipment 
given in claim 20 thru/or any 1 term given in 24. 
[Claim 26] 

Equipment said 1 st delay means and said whose 2nd delay means are the same physical means 
in equipment given in claim 20 thru/or any 1 term of 25. 
[Claim 27] 

It sets to equipment given in an approach given in claim 1 1 thru/or any 1 term of 1 9 or claim 20 
thru/or any 1 term of 26, and is class-BD about said output converter. The approach or 
equipment which carries out a direct drive with PWM amplifier. 
[Claim 28] 

It is the approach of reproducing the sound contents which perform time matching between an 
image and a sound in an audio-visual presentation, and consist of two or more channels using 
the array of an output transducer, 

The step from which only each audio delay value delays the duplicate showing a sound channel 
of each signal about each output transducer, 

The step from which only the video delay value calculated so that a video image might be 

displayed when [ substantial ] the sound channel which corresponds in time reached a listener 

delays a video signal, 

since — the approach of changing. 

[Claim 29] 

How to calculate each audio delay value in an approach according to claim 28 according to the 
location in said array of each of said converter. 
[Claim 30] 

How to calculate each audio delay value further in an approach according to claim 29 according 
to the anticipation travelling distance of the acoustic wave of said channel from said array to a 
listener. 
[Claim 31] 

The approach the part which corresponds in time [ each sound channel ] calculates each audio 
delay value in an approach according to claim 30 so that a listener may be reached 
simultaneously substantially. 
[Claim 32] 

How to calculate said video delay value in an approach given in claim 28 thru/or any 1 term of 
31, so that it may have a component with a sound channel equal to the time amount taken to 
spread between said array and said listener with the longest distance that spreads between said 
array and said listener. 
[Claim 33] 

In an audio-visual presentation, it is equipment which performs time matching between an image 
and two or more sound channels, 
The array of an output converter, 

The duplicate and delay means which were constituted so that the duplicate which delayed each 

signal showing a sound channel might be obtained about each output transducer, 

A video delay means by which only the video delay value calculated so that a video image might 

be displayed when [ substantial ] the sound channel which corresponds in time reached a 

listener was constituted so that a video signal might be delayed, 

Preparation ****** equipment. 

[Claim 34] 

It is equipment constituted so that each audio delay value may be calculated according to a 
location [ in / on equipment according to claim 33 and / in said duplicate and a delay means / 
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said array of each of said transducer ]. 
[Claim 35] 

Said duplicate and a delay means are equipment constituted so that each audio delay value may 
be further calculated in equipment according to claim 34 according to the anticipation travelling 
distance of the acoustic wave of the channel concerned from said array to a listener. 
[Claim 36] 

Said duplicate and a delay means are equipment constituted so that the part which corresponds 
in time [ each sound channel ] in equipment according to claim 35 may reach a listener 
simultaneously substantially, and each audio delay value may be calculated. 
[Claim 37] 

Equipment constituted in equipment given in claim 33 thru/or any 1 term of 36 so that a sound 
channel with the longest distance in which said video delay means spreads between said array 
and said listener may become equal to the time amount taken to spread between said array and 
said listener, and said video delay value may be calculated. 
[Claim 38] 

It is the approach of making the sound field which consist of two or more sound channels using 
the array of an output transducer, 
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10 0 2 5] 

tte£iRH9A*&iB*rr&B-rs (distal) m**Kigo7wt. 

^Z£?lzT%fflWWt, 

MMtiiT, ^xt^omK^ti^tKommmn^nv. miimn&£.&i??>£5izmrfi2tiiztiawm% 

tO 0 2 6] 
tO 0 2 7] 

y>\ t i)mm&fc\*'&Mzn2>mffizmftm\zfflW2i£?> (^-ka^kj^t) s*ro» 
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[0 0 2 8] 

3„ 
[0 0 2 9] 

[0 0 3 0] 

^^©k'-r^ • 

^j»Etf5** • *^70BR«Pi*l^»ta (point) £3 fcrr*#R£*«*.TV»*. 
[0 0 3 1 ] 

[0 0 3 2] 

-KC *5BWH. -^TcTU-ffciB^snSSScrosraWt^ft^nfeWSSmft^B^SIS (sonic electroacousti 
c transducers : SET) £«jg;i, ft**«A*i#»if S^l/THCr-f ^^;P«*A*fc»«S*iT*D, &SE 

Xh* • 7W • yy^-y (t^^jI" 7x-xf • 7W • ryj-y. sfcttDPAA) ->x^Aicjg/B«iit£T& 

[0 0 3 3] 

SETti, S»IHJ::9>* r A{;:E«Sft*.fc3&, <*ffi) (a plane or curved surface (a Surface 

)) rt£E5tr3;fra*flF3:i/v>. L#i,fc#&, emsau 2-osi±(Dmm-r^-y7u-(-m^z&mt^2-D&,± 

(Surface) rtfcfcwr, 7H SAMS"*"* S E TH, SKV>raiHTE3ftT^5;L£*<ff£b<, 7>^ • 
7A-ft^^i:i^bTV^:i^I«»T$5. 'Wi, BBOWBPJ»©SETT»4*ail»T»*** 
. WBfftfHAJB, iE##$fcttAa»©SET, IPS, -&K^¥ffi£«5l£^iMKT;fcttfcf^rnT* ! £>, i§/£nj 

SiiitcfcrK 7^— ?ir*a^»lf*ifi<H*ff3it3&»T?**. S ETO'M< £ %> 1 o©jiJjn*ffi ( 

Surface) 5, it> 1 :?©#)© £©<}: 3 fc^B (Surface) iiliE©*fcll§i*«)7l"f 
it-5SETIt fij^© 7Wi:*f«=?ty^Hf:*»t4. 
[0 0 3 4] 

SETH H«T**££##*L<. H-Tfc*££j&«iSttT*4. Htl&H, &Mfe, *~r>r * 
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**) 75^, KVi«T2 OKHz»± *T?<OHW««^«*i%-mi'5^t**T#*©*S*t)Jf*bV^ 
5C, SETSWSWfcltefcU «^SET (CSET) S#J«T*££)&*T*, I^CSETTIi 

[0 0 3 5] 

CSET©ftfcDO»*TH. (a«Ttt2fl) ©Hi;*««£l*i*U fc-frfemCfc^fcJ^.TMW-*. £ 

£tSfcCSET©tt«^ViTm&-fS*^, rOfilttC S ETf #i lT©ii\ EP^. CSET***fii* 
VSET±X0*&"Clb2>b.Wm*&Z.£ii-t ft. 
[0 0 3 6] 

a® (Surface) rtTtt. S E TifcteC S E T 2^^I1: S ETTStutl:t5) CDMR. IP%. 7H 

ffi£«n^tft*-n£><D#ism, »#»T*-5ct*«a*Hi. lw^t, seth iE*^*^(iA^ 

[0 0 3 7] 

fcSlTI4fcV»*«. fSETIl, $>£«K*jW (*fcttg«) ■J-«Ct*tT**^***IC*V»T, *l>fc<£<Ms#T 
[0 0 3 8] 

sEm «^ofiVi»jB* fcHwao»«r»*iif , ^TticD-y-^ > vtsm^n-i x©»«Tt)«* £ 

nTHreabft. 7?>F.X tTX h^y i^WSfciWg (pistonic acoustic radiator) tVTtaBtlT^ZM 

(^ifegro^-f 775-A^tfX h>K«fcoTf£Ib£-a--S) t«ti< > ^CDio&if^-, <S^©SET«tT^h 

[0 0 3 9] 

) V*. 
[0 0 4 0] 

j?D*;J. ft65tffcx>f^JW (PCM) (i#*fcH7^-n^m^OV> 
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■fnTfcctt^ 7i-^^3><Dtntiu^.^xjj zcDy^-aifmmtmm^iatiizhmti^mm-r^zt 

[0 0 4 1 ] 

*;wsc. -^^;p/7^-n^*ift» (dac) *±r;ii»«*fli«»*Kttstvi5, cto^a^s* 

AMI J; -3 TEttHftT % C t ifiH # <5 = 
[0 0 4 2] 

B*OS ETCiUJt*¥i:tRM<ai««**. 
[0 0 4 3] 

E»*6t»rn©i , 3^©sET^©ffl»'b«i**to-a-a:tf*iiitt6r, '&%nz>mn\z^\z&iE*'tTom\z, mw 

[0 0 4 4] 

A#sg7te> DPAA^ai-^^^>h'*fctt«fc©*^>K$«-riotJi±©7 i 'f (A^ft#) 

5ffl©y^TAU> loKJiOT^-ny/^^^SEliS (ADC) ^fsttz. itfT*. ^WHiTi- 
utf^ftm? (Tj-nfAj]) £XJj<Dl^>£<OffilzmmTZZtlZ&^T, J:ft6*H7tamHJOl'Jff 

5?^;Mt«flr^©3E«*^riifr4. s?*;n«K«#a:, #je© (-tb-cawfc) -y->^ ■ i/-HFs 

[0 0 4 5] 

ffiSQiBAttftfteSjAl/TUS. »E«tt. T-f^'f/H^ ifcttVJhW (Piece of software) T 

l^©A^*3J;t>*#^©tH^$r*-r^. DPAAOAM^Ololt -eOAflfceMeSft*. cnfi, SE 
TSClOOIiiASftSti^SK. 1 0©fii^^#t5:©S ETSfcteC S ETCIW > 

*t*^t««T»«. »E»tt. Atl®^\Z£Wmzmte.%&lE*ft-otz*<D&*<D&}]<D&Z\zmZ>, #EIEtt. B 
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s dm) . mmmm^m (a cm) , «±tf?rifT^^*- (adf) fcj;^TfT5t±<. zti&\t 
*n*n»e*rt*icE«atiTVi*. m. adfh 7^;^iit©imiRi;<toT, «*fc*ts#-*.*J: 

jft»*****^tatts**j:5ic-rntf, £©m^©^f^n©&©;i©<fc5&iiMA--->3 >©£• 

£**T**. rjlMj Sfctt rjSMSii-fcj £H iiTfH5«^ AD F43«£ 

[0 0 4 6] 

mwMM¥-& (sdm) «, «^5Ve^;wi^p#rflSMxi^>hT£?>. ^nsra, %.-<Dm$L&*>mmm&& 

[0 0 4 7] 

nfe07V5?^;Mi*£tf ittom^xkh:. aK«o*>^*JWT s iw*tfcttcftaT?*5ci# 

[0 0 4 8] 

&ffMff¥g: (ACM) tt, — !Slf--AJtMRfcIE (gross beam shape modification) ©g«T. 5^ S?*;PS*W1* 
^&£VT%M-rz>£&&&BilK iftH 4M68£fcti£X*SE (alternator) tfJ#fI*l©A£$£ 
***fctt«^-r*Clt**T**. SDMtl^ft, A2>/ S E T(Dm^t)i±mzPimS5A C Mtf& -5 Z.ti)W$. L 
l>. StSfflH^gMi, #ES*>5©*e*ffl*K:jifc*JMMW*afflU DPAA;&t#IBlM;Or*i£V>"5** 

[0 0 4 9] 

«^*iFiE-r*ffI©*ffiTf±, «H5n*r-f^-7>fM (ADF) tt. J: tf**S©JS4SF#, 

U*>b%m^TZ.nt><D7j JlPZnmi', &KttM-**Mttr«J:5£LT<e>J:V>. :ofttTti, DPAAjfcfc 

Mn9-><Dm&*. &mi(Dmiitvxftoz.tifi°smtts.K). mtezmmmmz&^-zmmiz. dpaam 

, SU©*ETH»V»JSIftl!t©BS:<i:a:S©T, tIT$5) . #JiLT. 8HWRa2m»DPAATIl ^©© 
(fgfttt©fcae>) tt, 15 0Hz«Wt?*0, AWOSTtt, i©J:5*fi««[*©-9-'»r I 
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[0 0 5 0] 
[0 0 5 1] 

(;CT, I fl<&A#<A&*£NWDSETC)€-* I = 1 ~ I , n=l~NT&-5) 

fc, BP'S, 7-^^)611/^7^ ^MW* D. SETfcH3JP*n*«>Cili*'&to-B-2>. N<BCOB'Jiffl 
CD S DM, ACM*J:tX/*>tJiADF*ta-»B»C»0. *S ETffK ftCttEUfcJ;5l: 

mn&mmz&zfzwzte, 5*4 • i'— news (dsro 

[0 0 5 2] 

DPAAyXfAH &3iE»£R§TT (iSWHH DPAA©**K*rt©£JLrt**»&) D P AAm^lsI&tjI 
fib «t**fcH#^l», **Wi*©tt©*ffS*>©7-firU*ttWlCJ:oT> . DPAA©±g*8l!g£T 

T*»Mfl#fr**iiimwmi (•?«) t^Cffl^TfectUc :<D±5ft^fAlt £TF©«l6*«*.*C2:a« 

l) £©A* (»S0A^3) *a»©4ME»lc»«-r**iv^aiR, r***)H tw&z\t 

[0 0 5 3] 

[0 0 5 4] 
[0 0 5 5] 
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ft. f^yi'^i^DtyD- (dsp) £fcfcmfflv^n:/nty v>t. ff#«Laxx 

[0 0 5 6] 
[0 0 5 7] 

*&w<D*n?no&m\z-D^TmiTz>m\z, tt?n<nmm<n^?n\zfctrzmm\zbmvrzww<Dnmi&miz 

[0 0 5 8] 

HlO^nyi'BU. WiDPAA^t. A^ff^ (1 0 1) te#E3i (1 0 2) £0M&;*n, (HT 
B6Ci) Offi***, *y>'3>©««« (10 3) ^^LTffi^SET (10 4) frft^-f3o iti^SETtt 

, ®>mmz-&7vTl"C (10 5) 3 KE*l3ftT^.5. #ES§li. ^SETKit^Sfl^^IEl- 

o 

[0 0 5 9] 

I2il 20fi)X^ (5 0 1, 5 0 2) £J;tf3oCD#E25 (5 0 3~ 5 0 5) SftSDP AA^t. #E 
S§5 0 3ai^5 0 14fflIL, — 5ET5 0 4feitf 5 0 55R^*«X*fi^5 0 2 &ffla-T2>. S-S ETC3ftTfcft» 

E«*»6oa*tt, JraUgg (5 0 6) trioTSnmsti, iiS 1 0 3 6^ UT S ET 1 0 4 

[0 0 6 0] 

03te, ^E^CDD>^-^>hSr^-T. Ztali. A*@I§S:&»S***— <OA#«*t (10 1) <h, ftSETSftll 
SET»l3l-0-ro©#*Offi* (8 0 2) fc*#T*. A*A»6ffl*O#**T?0ili»Ctt, S DM (8 0 3) 43 
iflt/SftttADF (8 0 4) iiff/tftttACM (8 0 5) #«^«J»C*V»Tff *3n*#EjE35*RI 

m^&ftmi-ZBllZ&mCDSDM, ADF*3«fcC£/£fcte:ACM (8 0 6~8 0 8) sstfztKj::? 

[0 0 6 1] 

* (10 0 1) tt, DAC (1 0 0 2) , £,fctf#:/va>©?u"#/§*fWWA# (1 0 0 4) &ffi&tzmwn.t>m 

«s (i o o 3) sasa-rs. ta*n. sET*fci4SET* (i o o 5) Ksisns. 2-3©set7-<-k (se 

T feeds) Kov>T«*Lfc*^©#«fc«jrctt, A* (1 0 0 6) »*^$/a >©a«W#*lWfPA* (global 
volume control input) (1 0 0 8) ^Xt^-i a J9M*MS& (1 0 0 7) \zMi£m.ZtL%. 'SJSW^MfflPA^ 
tt. ffl^lBiblHl?&lc*r-r^iliia:UTt)««g-r?)3.i^T^«*iJ-t ! afe?)c IMM&RS?^ 5>*;HMW0fflAKtt 

, set (1005) KirraiWfc. t-tu>?<du- • n*- ?j )\>5> (1009) sartv>5a*?jRt>»*. 

[0 0 6 2] 

H5tt, 3O0DPAA (1401) OfiI»«SSt. A* (1 4 0 2) , 
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A^@^ (1 4 0 3) ^i^MiyXfA (1 4 0 4) tt, 300PDAA4TCJ;oT*f 3n?>. A^lHtSS^J: 
BT?**. 3O0>DPAA&H— £U * k-^D P A Art<D5Cft|HlSS(D^^-f >7i7^^ ftTZ Z. £ 

0 

[0 0 6 3] 

B6*S«ktfB7AftV>UB7D©««Ki, 0 1 fc*-r-«W&«ifiS«-r*. I6H »*LV^E« (10 2) & 
CO 0 6 4] 

H6^&t>]^%J:9tC, A^ffl^ (1 0 1) tt, A^J«^ (15 14) Ci^T, V?')*—* (1 5 04) fc«ffl 

sns. y^u*— * (1504) n» A.*B*sF?rsfeBScafc!-u Hc«^smia0f«*©ffi*sgT dsis 
) A*«#o«-««tt, *»*«iE-r%^a (1 5 0 6) tf^sn*. «ms«t 

, *«*4fcE"r*#« (1 5 0 6) a, B*wt#» (1 5 0 8) , bbam^b d 5 1 0) , is&xmmw'rj 

yjhZ^W (15 2) **tT. BttfHff^S (15 10) ttB»fc:*:/5'3>T**;i£ 

££fELT43<. Kir. ffi^iitt^ft (1 5 0 8) £ «fc rTIBBtV v?*^ • 7-c;i/^ (15 12) ttB 
BDBl>T*>J:V». «»£4HETS*» (1 5 0 6) ©SfcS^WftBBte, 355IftTBSftS«S£f t 
Bfc*»«ttBtt3li:T#B1-*;i£TNfc*. ffiftBBB (10 4) *«A:*jB** (10 1) Mj!lJ3E£i£Ttfi# 

iim? d5i6) &it-LTftm» (102) ^su^an*. 

[0 0 6 5] 

HirJzE^ct^l', &«-^S3S#g: (1 5 0 8) iJitf/^fcttfciirBtt^-f S^P- 7^;^ (15 12) £«fco 
[0 0 6 6] 

ttl<p*» 

B7AfcBl0tf«*jft"r. 

B*©IH*B*» (10 4) i^«57K (10 5) £¥®0T^-To H^Lfc5(0±*fcttTC:, MOtfl^JCl* 
[0 0 6 7] 

S^rcDM-^iia^© (5 0 8) £«fcoT£BBK:#*.&*lfc«BWU HUM. BAtf, 0 (B*©J:3& 5 PB7l<'-f 
©i§£) , *fcttBB#:R©Bftifc4B (fiiffi©*£) KKjesn*. £ftfc«fcoT. A#fl# (10 1) £«-r 
D"^ >F Wft l"h*-AJ «i£ASft«. Hhtt. 7H (10 5) CTff &&»F f-AO 

*ia (bbcbb) fc:tett*jMra» tt©#fl±D'btt*a>K!iv>at, r+KF • p-^j 7W 

(10 5) tt, »*®^9>HM«ttiC«^TliES«ftMJkftA<0ttSniBB (extent) fcBJ&T*. =. 

OBBtt. #»T**ltf, ACMSftUADFCifCi^T. 1M H • n-^*^fl:»fr*Jl*fctt»»WIBT* 

[0 0 6 8] 

Bft^-Fte, 7H (105) WC^ftfl^roJ'JF^K-AtlHItSl^^TfcJ:^ 7 

W (1 0 5) CDfi*©^SIS§ (1 04) H, it^TifL, ±#l*l#7 l"f © J l t Bfc*H/TSBfc**WK- 

[0 0 6 9] 



t#S2004-531 125 



(21) 

m 1 J: 2 t«©ft#»^t#^5ItfeTt5. 

Hintti, flre*tt#a (1 5 0 8) ^fcteiiriiMs^ s?**- 7^;i^ (15 12) iz^x^Wz^-X 6ns 
txt^, :tiftH7Bc*t. a*©«#*«-tn-?n©ffl**!ft» (104) ^fflsn^wtcnsc^sn 

Wfc*t. -JRfc. jft|ft£&IR®^ftm£0M®Nf|ltt. d n = t n * c T?*0, dttj&Kl©*S**U t tt-t 

ft-£n©«*fc-**.&ns«if««*u c 

[0 0 7 0] 

LfctfoT, ^«l§ (10 4a) K*fflSn*«*fctt*ir»Ka»ttfc<. CCDfcftTW3fl»6U»-i-««»©fll 
^<h&3, ^&Sg (104b) fc«WSn*ff*fctt*av»M&*4A.Sn*©T, Efl««t2#|t7Ki)>6 

am-rs, X8t« (io4c, io4d. io4ef) iz^xt>tiz&mte&iijtmizm±-rz><D-?, mm-?z%.&m 

[0 0 7 1 ] 

&jI2S (t n «T c , n) T«U If-AO^TlSjli, 7H (10 5) lC»LTK«ltSEU, SM£*£<f3£ ( 
max t n ) ~T C . *ffifc»LT««SE*3ETrtIi:»:S«t'5fcSI<i:t**T**. 
[0 0 7 2] 

gEfct80J3Lfc<k5tr, S©tfft©|S|Cl*W««R#- <HU««£»T#«©«fl-) a^fcfcjeojfriSifce* 

T**MF*»J***±5Ka**Wrt-*;ifclCJ:r>T. (focussing) £ifc<a&ffl-r*J:ia»T 

[0 0 7 3] 

*.S*i3tMK:#bT) i/lxtSiiCioT. mftnf-y^&W^^ H • n-y • Xf~«fc 

oS**ft«-r*ct*«T*S. tl©7H • iMX^iSWfcarrfiillBi, #«0SETfc:*v*T«IB*lt/M- 
[0 0 7 4] 

mwmm^wt (1508) &&xs/%.iz\-mfc?4*j?)\,. (1512) (CcfcoT#A?»nsfi^ii}i^» 

«"T*IR, ^iSET (104) *6DPAA«W©ffl«K*V»Ta«b&*j«*roi^9>K€WWCWiSlD 

#*T#*. £nsa 7 c I:**-. 
[0 0 7 5] 

H7c*»e.fc^*«t'5K, ^©*-&fetti^^ms (i o 4 a&ui/i o 4h) \z^x^x^n^wn,\m± 

t%ifl> Z.tom&VSMmnttls.^. Utile J; oT. fl^SlF/i^^L, Z\tl\Z7*—-tlX& (focus point) \Z 
*V>TiR* (converge) f5©T. H©jfcjft:feJ;tf*©HH WO> Y<D7,^9 MH£#©S-*©iSifil3ia«^UV> 

[0 0 7 6] 
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[Rl] 



(22) 



MM (focal point) flfcB^M/ f = 



J,. 



[*2] 



n#B<z>**»»tt« P„ = 



Pny 



»3] 



n 



[&4J 

[0 0 7 7] 
[0 0 7 8] 

5au-hn. ^n^ff^fctt. «*iais^» ( i 5 o 8 > sfcjaausx^ s?^;k« (1512) n=ko 

asiicBrrs. ~ns<o>s3f«> i7Dm ,£»T^£ft-cv>s. 

[0 0 7 9] 

[0 0 8 0] 

£.?\ZtS.% 0 
[&5] 
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d n = t n ~j 
[0 0 8 1] 

Lftibt. ££TfUfflbfcHR»fc#ScTtt. Uyj^r-^ (1 5 0 4) «AV»TNfl0!)«M#«««. NflO 

» <=> nsaswsitjsuTUR Lttti^tKomstrntZtt (»s<tt7-rj^*«v»T) aMs-tts. js 

[0 0 8 2] 

$f*u<«> (102) n, w«o*»fe«t^att*as*^, «*s*au sn*«fc 

[0 0 8 3] 

HI6T*0LA^t>»fiE«Kl£<»(tnI«tt**J&*#6n. H©«*Ci5tr>t\ DP AABffrfcSliftfcBrC. 
»<0»*JE*O»f!6> 65fibTV»* tmC 6tl-5ct 5 K£j*"T* - i**T*. US 2 «#ttD P A A«D5©&3*g8l©f£ 
[0 0 8 4] 

*fSWO»l©««H. V^f f t** • ->7rAC*lt5DP AA«D*ffltHt5. KfcKWLfc.t'SK:. I^CT 
HT*L.T430, TW (3 8 0 1) £ffll^T, U"9>F (Bl) OS 1 If-AeXJtntZXIRttKlWK* (X) 
T&S, f 2h'-A (B2) «*^ft**febTSiajSnTVi*©T, £— AfittMfct (X) €311, #&IU 

s (3 8 0 2) i;i«bt, ^o»^t>«*wKWflst#tcaa-r«. sg3tf-A (B3) «, m.tz±&itAatvm.a 

smv^OT, WKTiBKtailtK tSfCHItfi. ^©i^^^fACKSWaffl^oioi;. 

*7 • ->7f JfiDi^ K-AB ltt«f*U-'»H • f t*M*U b'-AB 2 \t^^v^> K (fi£* 

fiflWr^e— *) • ^^efti. tf— ab 3 ttfeij-o h • ^^us^f. JgK, 

, &*j:tf*^+*JW4 7. s^-wi^easL, ij-7^>h* -^^wii 2. 4*-h;we«£-r3*£-*)&£. c 

[0 0 8 5] 

nn*aifT-r*s«*H9fc*-r. 3o«ft^ (3901, 3902, 3903) s-tn-fnoas^a ( 3 9 
0 4) KA^-rs. iis^a (3904) ti, s£Mff«s (3909) atftg-rsMfc'tt, *;KZ>l*R|**j£ 

Si**. ailfcft^S»i» (3 9 0 5) , JnHSI (3 9 0 6) . (3 9 0 7) fc<fctfffl£&& 

§§(3 9 



! 
! 
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0 8) \z%im-?o $hes (3905) tt«K*^i/T, zLomsk&mmzK. B8\z*-t *)v&gktt 
zimtzska-tz. m&mmn (3909) a, ^**)i<D^m^-^izmm?zmzfcm-tz>^mmmizm-o'^ 

V>. £^ + *;H&13. 5ms fctt®M$ii\ *9l>> H ■ ^^t^Bf £8M-f 3<fc3K:U ICtJlft** 
9 0 9) U ^tUZfeCT&mZmB-fZ Z i^T#^)o B9TH (3 9 0 4) te#El§<£ 

i^tssntv^. L^L^tP,, ^n6*»E»i*3Cia*a*, ssEMfiffi (3909) jW9#*##e»ka 
3904) MSttfi:, a-^ESfcajtx-^ssi^^t^T**. 

[0 0 8 6] 

*fBW<PtB2<0tB« 

±2H:Z\zmnT-®3\L-D&5\ZttZ. ■*-^>C*' tT5?a.7;K0ffl»Ttt, KKftfrb 

ItifoT*-*— x^*^<t^tTx^«-^tt, DVD^U-r^ (4 0 0 1) ©«fc"5fc38fiSta»S«t&Sft<&. £*l<=><Dffi 

HBK«*Bi*n, RfWM&»isn«s*-r*. ft^-^yuy? (4004) s^t, *- 

^f.#t-r^t-ft^^#T, #^**;W£H9fc^"rti«fcHHlrt-*. t-r-f :tattffiflffi (3 9 0 9 

) stf^JWi^a (4005) fc»«su tfx^flr^saeifeSfc'ttjiiss-a-, ■y-^^H^j:^***^^- 

■tffc«*tS t*x*S5£#a^e>wm^SrBB^a (4 0 0 6) fcHWT*. 
\ZVTttW?S. COfcdOK^sMKtt. t-f^ISfg (3 9 0 4) C ±r>TjHt3ftTV>fcHtf-AB 2 

l:fe«fctf l 6tt. rnKWirWfBBt^Jtcis^Tj (at substantially the time) £^?*0\Z&z>T. nn*J:t«IR 
<B©t*x^ • 71^— Afc«fcSifi«*fflV^IRO>'^7 l AKKa-r*^t**BUT^*. 
[0 0 8 7] 

&fi£LT> K5*:j«^R*«Hrai (3 9 0 5) Kt>H«K:««-r*^i:*«T* (B 1 0 fc:fett*A**#HR) 
, ^3LTlf-A<0»lftttsa*C*A6n-6*6»S)ajIttK:t>M«KE*-r*Jlt**T**. SiJcD&&<hLT, b* 
T^aiHlSSS$rffl^T, +f-^>K • v-XxA©3— if • i'>3'-7i-XOia±^ (on-screen display) &mf 
ZZttfT-ZZo J:0-«W£V:7htfx7<D*JS»lBTH:, 5*-f *iiaEOft*»*v-f £ p^p-fey-y-fc: <fco 

[0 0 8 8] 
*%9j©ff j3© % » 
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ffllr»*i«fc^. »filtt©»Jjfc&«^feV>»£, HI lDK:«"r«t5&«fc»3 8l^*:H**fflViSCt**T*-5. 
[0 0 8 9] 

Z.tl&j&ft-tZmW.&m 1 2 fcjRT. i©S»t j6JP©iBM^ (3 9 0 4) *BSLfc£i*l*lrvr» 0 913 
^T#?> 0 012TH iitt]C0a>#-^>h (4 10 1) *»Ea©«aCE«bTViS. £CD3>#-*>F# 

wiflt^snT^*. tJ4>wmk (4101) n. io©ft*;n:«t5 lmoasf^^^ >F£MBtsaflj 

[0 0 9 0] 

££j&*T*S. -«*H1 1A^L@1 IDilSt. HI 1AH *ffl«fctf>f > FSHRfc* 
-To 7H (4 10 2) t-f H • D-^$«'>St, JgfattS&^-rSfc&K, 

«*«<0-«tttSlPU (HI 1B#RR> , m±m&mm (FSDrfull scale deflection) £5***1****. :n 

n&Hl lC*±tfHi IDfc**-. ^*£ig*£-tt-5>K*nT> U-«» F£#fc*W**#K:* 

[0 0 9 1] 

c t***fdT?**^riBtt*J**. (S^UfflSiSSTlt »fiJtt©JSj«***fi< t^ftlStttft^OT, 
( rtfyZXtl-l ) 9-f>F9«»Sffll>ntf. *^**ffl*S#*Ct35<T**. HI lDKiSTJ; 

5tt*«l**#*Ufci>^>H9W!fcO*»H*SlTtta:<, HI 1 Bfc*"*-J:5&«SiTtt, *-f>K*WJMI 

[0 0 9 2] 
[0 0 9 3] 

AMtlOlIt «7^Uv^/3>Wt (2 9 0 3) tcgi^$nT*3*3. Lfc^ot, M*l^ir*;H*3©a 

- • at. • yjjv? (2901) *j:tf/vr - • (2902) fcasttstrr^s. p- • a'x • 7-f;p 

* (2 9 0 1) tt> #E§§ (290 
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4) K«tt3ftT$30, #IB#§(2 9 0 4) tt^TO*»|g (2 9 0 5) KSfttU -75JfJ3£S§ (2 9 0 5) UPD 
AA (10 5) ©Nfi©^ (10 4) CliSnt^S. 
[0 0 9 4] 

/W-/U-7>fM (2 9 0 2) fi, HlK*WfW7 (102) tH-O (*LT, IKBgWKlNfHco sl^g 
«*itf?T*«rlBjl«XW^>htrt«lcrt»l/fc) t/HX (10 2) fc»«U ^f;^7 (10 2) ttfln* 
§g (2 9 0 5) 05giJ(D^-htj*i^UTV^„ 
[0 0 9 5] 

far field cancellation) OCT*SItSft»l:ffll»4 i: t*«T* 5. Lfc^oT. *->7.xAtt« 

ittO) te«kWfi*S«-r2)*»S (2 9 0 4) tOW&SSaU -^SSBiMfctt, N«©**»0#*IC»bT, 
HfibT*fl&l»flra*ft*W\ WBiWMPStl*. mCi^T, <gjg&i5c<D;*;«Wi£*§i8& (global far-field 
nulling of the low frequencies) Z\t.t3.<. 7>f- • tf— (ant i -beaming) , IP'S, ig^i£f&©« 

[0 0 9 6] 

», *5fiW©*4©l8*lCJ:***tt, «JP®>tV 9 J9)V • (5 12) <&fflV>THJ6nJ«lTa&5 Z. tttftS 

[0 0 9 7] 

014(1 i©l8«09J«)*JS»»**-r. ::Tli 7W 0lH:tJKlA8&Jltt«JII£'&l'TfflV>, A#ffi# (1 
0 1) Oft&iUftftfft&SitS. HI 3KStJ:3C, A#ffi*t (10 1) 14, (3 4 

0 2) K«fcoTJKH»«:#*K, ^ITD--/U-7^M (3 4 0 5) ££:?T^*Mk*tt£&M;3*l.«. ffi 

3§i^&s§*£- (3 4 0 4) tuna sat, ig5^&&^«i4, * 2 (3405) KJUHan 

*. 2§ 1 (3 4 0 4) #dJ»*7W©W8W«Htt. (3 4 0 5) iDt**U. ilfclT 

14, X#MMIte#t£«£tGH (BP*3, fttfefl^t&wA^S) 14, aM***fflMfc**0>lciMrr*. £*iK:.fco 
T, MJj<D (*/tJ4, 2-3J:0"b#V»»&KttATflD) «Wfc»«K***>^Lt»»rtltt*«*A6n*. 
[0 0 9 8] 

01514, H©l8«©3EK9l©*Jfi»»**-r. ££T14, ffl*«*»0-flW«««WT**SnT^5. 

*>, flHTO, n-/1X-7^;P37 (3 5 0 1) $3<fc££/W • AX • 7 4 )V9 (3 5 0 2) KAoTfi*i.fctfflMlift* 

is^c^usns. (3503) 14, Atimnv&mmBStftzmmzmmvtzmmz. mimt>m& 

(3 5 0 5) tzmm-rz. c©0ra4, z.<Dmim-s\z, ri"(to<t>£&mm»e>i&*. Mm&^m^t, 
\jjmmi>iitm}iu&ft i tn2mi3xmam* (350 6) \zmm-tz. znzom&mt. ru^^om^m^-c 

«**j:rwi«*««*ipjrr«fcje)fc. Jnirfg (350 4) wsiss. ifcAbx, z<Dmmmmnt. &m 

[0 0 9 9] 
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fijj&t) 
[0 10 0] 

©»ttfcB«**££tt£<*HbTV>fcV>££S&lBbT:l3<) . H 1 4 ©5Sffc*fflV>*«£, 1EJS16<D S S>-#)V 
[0101] 

HI 50#tt«At>*«6. H£^©-»*;i/Hb 3^©Jf&&agffl£T©/£#£ffi;>jir3^aig§£*-r. R)gCD-> 
[0 10 2] 

SHU (3 4 0 3, 3 5 0 3, 3 5 0 7) ©«HtH|[*ff -5*^T»*. »ffl<0»fcS£fllV>S«£- (014(ri3tt2> 
[0 10 3] 

HI 6*^«5M<t5H, NnSftlra. ttHttft£0t>JlV>&xa8*t*ftfe<, ■«****MBm©HIIltt--je 

K**S*ifi*K«-r*/t», C©HH*HHfc-r*fc»lC, B17C*r7HSS»t5. -©7 

«SfflV>T*«8RSiaAt5ut^TS5(DT. 7l^f <0«H*JEtf* £ £&< , lfc*bt t*-A©Jffatt£S6 

[0 10 4] 

3E*ST«j*bfc--#7c7W£««U («BfiVi»«Ofc*K) -#lSj£an#GlttS#*., (7W©*SS©fc 
»K> «©^KSKttftHPTir*a»rttt**A.*. **»»©7^^ Hfctt, $?;£b<te4>&< £fc2 : 2T*<3, 
Hfc#*b<tt3 : IT*!). b<tt5 : lT&So ft*«»©»«*HBfiV»©r, h*<B3&*tt 
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if Z T W t LT b&mt Z> Z. t ^T* 5. 
[0 10 5] 

[0 10 6] 

*fg9!©!e6©fiMSte. d paajf^t mnmzm^m^^-rzm^rm^mmx) mttzu 
rzm&iz. mmmiz. ^mn^^^,\z^%^-ztztb\z\^ ^i)m^%mmzm.^frmin\zt±%u.^t.^?<m 

[0 10 7] 

?&&(Dmfezvv>i i m^&DPAA\z£^Tmtezmmzfavxmiiii,. smteftizz. ox. fzitX; 
tss§*iasLT, &mm^<D*)-v>\ i: £nmmtii£ j &%£-5\zirz>t. z.z.izmm.Lfzmm<»M-<DDP aas« 

HT, MW^TC^-f&^zg-trO HMv'XrA (multiple separated-source sound radiator system) Z&fctZZ. 
[0108] 

02 Ott. JffiIR# (2 10 3) C^©*^^«A^fc4?)©, ¥-©DPAA*5«ttX^CDSWS^:«*lg® (2 1 
[0109] 

07 A^fz\t.m7B^mVX9c\zmmVtc^o\Z^ ^>h*-t*-AH ^i3tft<Tt), 3:fcte-&«l£-l±Tfc 

=fc^. y*-xx&w\z. mm<D%i% : %n2>tz#>iz\t, tn^noKMrn/^m.^wi^. ^-©&s> ^tz^^m 

JjCDl*?nizM¥l-tZ>Z\£.b-i>imT'&Zo 02 ltt, -y-^>F • t*-A^S*fl§©«(^45«fctX^lC^$-&fet^ 

trff sn-s^^n^nisBSWtc^-ro dpaa (3301) 11 11(330 4) ftt^BbfcRWsg (330 
2*«t^ 3 303) KifiittTU-o i**aw-r*J:5fc»fp?riBT**. 

[0 110] 

■y-^>K • fc*-A£SW3§ (3 3 0 2) ©W2r©iftjftF 1 (0 2 1 #fl8) fc:feV>T-&j*S-H:fc»£\ t*-A«7*- 

±513, Plt^iWitll. t^OF*, SBS (3 3 0 4) ©JMBfrSJBHrrs *>©t LTBftrT*. MK, 
*lSt-Att*#Ki£^07?. SUM (3 3 0 4) ©T¥»fCVi*B!«#0^:«»* 1 iO"!M>>H*M<C:tKa*. 

[0 111] 

1f^>F • fcf-A£Klf» (3 3 0 3) ©«££©iijSF2 (02 1 #B) IC*V»T^J«*-B:fc»^, tf-Att, 
H*»6n*WKR»bT7*-*^jRK|Sl360. SW©^, tf-AteJE^D. JtjftP 2 \Z^Z>W&.m\iZ.<T>W> 
HSUKHtOTt*. SW©fcifefC, a— !ftt, iW-tf-^F^, Stt»OMf^C**RW«Jjft (reflected foca 
1 point) F2' *6*lHUfc"b©tbTWJir*. £<0«t-5K. P 1 lcv>««»*tt, +r^>F 
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[0 112] 

mzm\&-fZ>£o\ZT>? AA&mWZ-&%®&. mm. (hard) <D&Rfc&£ZS/&tz\ZVV>YKMmz&ntzik%- 

, '&<Dmi%<DV'y>\ i iifam%\mt!(D%-$:m^T, %m<D%m*®%\zmtirf : 5>z\£W~e2, ranf^ ( 

%.%iLtzw > \ i &z.nz<Dm)$.fr*>m.&m\zmm-?%rztb\z. zti^o^^o^izmf^ti^tim 

mo^Mm® (focal regions) tt^Tune-O^^tli^t^Tf 5, 

[0 113] 

W^^h'^t-* (DPAA) ©^£ffl^> 5i&i*CO^CD^Ci5ViT^e,n^a^CDi*#^?lJfflLT. • ^ 

[0 114] 

• /INSETS £, |gJ6W«»**»C>i^U-'»HK»»i:L/TfflVi*Ct*«T**. ZtlZOfem 

[0 115] 
[0 116] 

*5S58©S!7©lStiHi» D P AA©a-ift^f®f t^)K51r^> Fj&*Vvfft©#jt©|$£K:fe^Tt>£;LKIfiJo 

Parana, ^©^(Sj^^^r^it^-a-^^t^T^seT 1 ^- ^^asww-scifc 
^-p-re^ns. friz, if?* - t>*7\zmmvit^&t&m^T, u*7<Dmm&&t)ittt&&»mL* *tuz 

±S&aya<7r^ y ^*fflV»*) . PD AAMUMWi, ' SHMf*** ;* 5©^*&^t)i+J:5 fT4 1 JlSfcttC 
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(30) 

[0 117] 

v hK^«fr*Ht*«TS*. ^nCi5T">7fA©»!£!j>#»l:if»t:tt5. Mi&&<=>> l»T*9> 
l/>XSCft60"7-5SH:^)!l(t5i:£i>"P*S*>6T*S. Si:, ^©X^-y Mt-tf-^ F££-£rf 

**7<D«lFl*J'?*K*:S»iRU KKjjMBHSWJt-rs^t^-C**. *^7©^ffi*$rfflV^«^J:^a5 
«©^7 ! fl'&fli^3>»£35WK::mvr. (^>, ^VK ESi) SltUBM (x, y, z) (0 

fe. iM-y3> (elevation) . mil) 2 ^OJtif IWi^I 

[0 118] 

[0 119] 

-tZ>£?\z-f2>£&\,\ 
[0 12 0] 

02 2H DPAA (3 6 0 1) ±lZ&W?Z> Mtt • # * V (3 6 0 2) Sm*T. > Kj&t£*rrSHU*A 
fclH**^tott*«£««iBB-e*-r. it- tf-^E-* (3 6 0 3) SfflVvU*firr*51£a*TS*. * 

[0121] 

CCTVCDJfliftTW:, **©*^7*fflV»Tlt)OlBHt#ifi:S«***, *-C7H */8lr>fttf, HO«Hl*ifc:* 
[0 12 2] 

[0 12 3] 

fcf-bfcO, ttftit (skipping) £#5. £?£b<te:, unSfMtWfcfrU, «*i&iB&iMJ y 9$&®ft1rz 
[0 12 4] 
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[0 12 5] 

PA (public address) *J;tXn>U— 1- • W> H • v'^ATte, D P AA<Di5fW^^->*H*7c{cgftl^ 

1 (dpaa) oi^> ±o^s*5^pxi;-*©fiii}A?. #a*«©»»/t*->**#6n 

oTiiSl3-W>3t5::tiiiSTf5ffl^ <£M(tt (intelligibility) t**T?**. 
[0 12 6] 

(crowd-control) :fe.ktfWig»TH> DPAAlf-A©7*-*5'>^*J;OTliajIcJ:oT <tta«fcj&» 

«KWT»*Ji«. HAA:*VAS«<tt&n«. **S:7Kt«t*i*. 1 P©S'J<B©DP AAA 0 *;i/£P 

lit, JEC<n«*fflttTE«-r*{:t**T?*ntf, ££l$t« (focal region) Tfi, DPAA S E Tttifii 0 t> 
*«*tt*^K3J*t:"^*^t*«TS* <^#«ft7KTfffi35«+»**Wfttf. W«#«OT*K*ViTTt>BlSB 

[0 12 7] 

[0 12 8] 

[0 12 9] 

AT^O, dftSWUl/T, *A*«**«-!M> >K • k'-Al 2-1. 1 2 - 2 t VX&mi*n. MIBIBH 

oT, «tl3H 7W^6ftffi*n*U-^>K • tf-AS, ^©ft&WSftfi*^ £9BLfc#>® «fc 5 KBWaf 
5. 
[0 13 0] 

0 2 3fctt, 2 0(75-9-'!7>H • fc*-A 1 2-l*«t^l 2 - 2*«*SftTV»S. *lt'-Al 2 - 1 14, SBM©— SB 

1 7*»S, Lfctf^T. ;&a>&5BLfc*>©i:LTB»r*'5. »H*TjS"rS6 2 k*-A 1 2-2*4, Ktttf 1 3 KSBtf 

[0131] 
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[0132] 

02 4^^102 6 (III, 5V • W>Y • ^U^xi'^On >4^— ^> h*^P ^®C0^T*$tlTV^ 

*. A7jKl43V*T, /VVX • 3— H«* (PCM) ^ffi(D*ffl7*-v>7 (audio source material) # 

. U>ni7 V - =t<<7»Z (CD) . r-f^;l" hr*- f-f^f (DVD) fOi^ftrA'f *fr£>, 
• +r^>K • ^D^x^EJloT, S/PD I F7*-?7 hO^WSfctt^ttx-f • 5 s — * • Xh'J- 

, ¥*fi&2^-v*Jl' • Xfl/m *SV>ttDo 1 by Digital (Sfi^SS) SftttDTS (S@iS#) © 
[0 13 3] 

7tn^ v?)l^SI8§ (H*«*f) t>«*a*nT*D. 7Tnyx#tf*'\0»« (AUX 

a, «0rai> 3», 4*k sfeti-f-n^i©^^ *)im**>ffcz>o v^yyv • k©»»tw:, znzcD^ 
«*tctt, flSJSttajft^r*^ (lfe) (BJ^fc* ^ote©? 1 **;!'*)^"*"**^*)**. 

[0 13 4] 

En&©^**jv*fcw^ir*;wm, 2^^*)i-y->y°)i' u-hm&& [src] (»*v» 

tt. &xr*)V£¥— 0^^*)l-SRC5r®)iiSi±-5^t^T^?)) . WI^JW. *«fctfff-9->:/U >£f*frV». 

^-y->3>ibT. ^«) ©S*«ft1r>^-I/-h'?U»^ [SSC] (a«T?f±, *54 8 . 8K 
HzSfctt9 7. 6 KHz) titftj-HI (a«Ttt 2 4 fcfy h) £f#T. rtliv'^TA • 9 a y ytf^mv?- 
9 • ^Py^*^S63iT^-5«t'5('-f 5. >y)U • I/- h^&KckoT, £Py i7j£K<Dte*8*, #ny>r<D 

D^x ffl^gfc&xV ' rt^MM [PWM] ^&S<h-r^#«£\ PWM*Oy*iP 

[0 13 5] 

ft^ii, 2^±£)5V y^ii/A^ft^M's&^f-i' • ^Dy^£*r-r3«-& (se.<, ^n?.^. 

SRCCDffi^li, 4 8. 8KHzCDWffl5T^4Lfe-y->y^- k-ht*^T, 2 4Ky h • 7~F©8f t*WC 
[0 13 6] 

ioPi± 2oSfc(i3^) cox-f i^j'Mi^Q-ty* [DSP] ar^^fflUTf-f^It^ 

. tn6li, 1 3 3MHzTi>jf1^-&. Texas Instruments*tcDTMS320C6701 D S P t?ti\i&< , DSPH 
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;Ht**&Stt, l"3H±ffl7-f- ;H* • -Jusfvvffr • y— h • 7H (FPGA) a-y M:*^T*frt2)^ 

#5tfflj£**tle]!& (AS I C) CD^||cDA7>^A{b->U3>HcfcoTl|]!iLT ! bJ;Vi„ 
[0 13 7] 

-<W)v • u-^>k • yp^x^^coft*$©{cij^Tffl^sns##ffi^»ggcD^ia:^ (bps, e^wsc) 

[0 13 8] 

«^O^a@f;*^T, afWII (1^±(D) (S^feSSH: [LFE] ^v^)V^l-D^X±:(Dm<D^^^)V. MZ-\* 
[0 13 9] 

DSPgH 80©ft*Mtl;ML-T. T>^ • X'J 7X43<fct>*^K«^-7^ ;l^#L«£rr^ 8©:*- 
A*— y-^^l" 5*-* • l/- h±mzttLT 8fe*-A— Vr^fr&Xzmm&ff^ 3 9 0KHzl:i3^T8ft 

Tff 5. 
[0 14 0] 

*^marimw«iK«fc'3T3.- > tW5V • u-9>f • ^n^x^n^/tur^- 94 a- tr-Ataiaifsjett 

-fiW-JCbfeftS, RUM^JAX^aCT, Hg^FPGA (££-?, jUI^H^t^ • x- 

[0141] 

[0 14 2] 

Td^'-fif— v'a y (apodisatioB) , ^fcli7W • 7/t-f t • 7^>H') / f>i' (array aperture windowing) 
(gp-fe, (graded weighting factors) WO«f^&©ffili©W*iUT, IE 

•9->7 p ;W • X hU— Ate. 8ft*W**tlO-fO, f IT 2 5 6 ffl©f !: 1 ^ t, £-fr8X2 

5 6 = 2 0 4 8«0»»/1— 5?a>£fc?h JjttffCFPGAlCfe^WU 2 5 6IBOJE*SlM>KO* 
fiSiJ©3 9 0KHz2 4tf^M^S;Mtl>. *7"'>3>tLT, 7#^-f-g->a>$fcH7H • 7/1 
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fflfc*frr*>ft:bD£) *t. ^<7)*^> 5*-f i??)V • 1J-7>F • 7ui?3L>7?frt><D&W> F • h*-Affl^«, H 
[0143] 

^fC, 2 4 bfy N*5<t:tX3 9 0 kHz©2 5 6«C0{f^te, BHt(CF PG AfclZ&ZMTfc/ / 4 XiE^glgS 

£jI3*U 5 s -* • U->7)1 • 7-Fft£3 9 0 kHz 1:^^18 fcfy Hc©^-^;^ njfgfftt (EP*>« ~20H 
z*?,~3 0KzSTOi^tf«) ^T«i^Vi«^y-rXH: [SNR] 
[0 14 4] 

0SA.tf, 1 0 0MHz/2 5 6 = 3 9 0, 6 2 5HztSt), Ctlti^t, ->7>x2*:£:#{r£^T> ^>~f)V • =f 

* • 1)->7\>W • • U-h(DlEmi2.m®.fe. 0DA«, 9 k*>y hPWMi;»LT^>^- I^-hCD5 1 2^ (2 

9 = 5 1 2Ta&-2>fcJe>) t;-r^tWfiJr$»So r^y^- 5*-^ • 7- KftS 8 Cffl*Lot3. HI»lC*>^ • 
[0 14 5] 

i) • V- hZfe&ZZ.tlZ&K). =f-Z • 7— I«31it©^H*tt*JI(»*^4:*ST#«. 48KH 

zCf-^-Whm ^f#g^:*/h©ilM^*iHlU->7 p ;^W, BP*>, ~2 1 V-f * PffrT****, ~7j 1 9 
5KHzx-* • ?rg&ft/hiltf*l*4BKt < 1 -tf->7\>W*»l) ~5. lVf^a^tfti. *«ffl;*J* 

ftSgcDiSgKttfeLT, *M^tf7>K«I&IMllflMWIMB (sound-path-length compensation resolution) (=B#H 

[0 14 6] 

i i) PCMx— ^SifiS*fflW^:^Dy v'^^PWM^jft'r-Sitfi, 7— Kfi**M^Sf8¥T* 

S. 4 8KHzCr- * • U--hi3«J:tfl 6 fcfy V&T?\Z. 6 5 5 3 6 X 4 8 KH z ~ 3 . 15GHz (H 

tf#Hffl#J) ©PWJWn7i?lt«>Mift4!j», -#1 9 5KHz0f-^ • |y-Hi3cfctX8 t*y hftTtiv 2 
5 6 X 3 9 0 KHz ~ 1 0 0MHz (iElCftfliM) OPWMi'D >y ^IS^ifff tSli. 

[0147] 

i i i) -y->7VU- U-h±#H«koT, 1t>7> • U- h<0*«-K:fe^T»&n*«^»««36Jfli*:b, 01*. tf, 
~1 9 5KHz©f>^ • V~hTli, #&n^MHIi~9 6KHztS5. «^t7°D-feX (tfy hftlM 

~2 0KHz«tO±) C*»»SfJHlS-a'*itA«T#S. -toa&iKH, tcO«<I1»*<OS«^T)J*, £ 
[0 14 8] 

■9->7 P ;i/ • 7- FJISrJgltLfcx— * • X hU— 6-* 3 IMb/s CO 2 6*0it^lx-^ • X h'J— A, fe«t 

o 

. 1 Ofl<0«SHgC««3*lT:fcD. ^tllli^T, ^<D--;U-7^M [L P F} <Dft&tz< , ^ftSttjr^ 
X-B 
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aH*fcttttWtttt3nfc#SKIW-*. i7^X-D*#;W S^JPWfcilMi*-**, 

T. SfrlCJKVilBH. 1 0 : l©*ffi<6HK#bTl 0 0 : 1, *fctt-«fcN : 1 (D«ffilSH 

v>. -H-*Kli, 25*-Dft;&x-f s^fcHUBMBJItf-H (PCB) -kt~H«bfc©«£7^ -y? 1 

[0 15 0] 

— • rt*. • 7 4 )V9 [LPF] (*K, 7tni/mPF) SE«i"*4JS*»**. Utitt. a&X&90A9l/ 

-ADi(B«B. *©(H;&K»«»fc, PWMHOMftft (H©*&, ItlU~5 OJfcUl 0 0MHz tft5) fc 
*triT«*«« 01 : lV-^-a!MJt [MSR] maflWfc&fcU £ft 8 *-AOA*ICMSh 

fLPF©*7h-t7MtH S*ft**«<D«#tH£H»*: >20KHz) £0t>ftlrVtf. PWM 

~5 0MHz) «kDtt*»&t>ftV»©T, PWM**U7S»*«fcjMrU «^*«^ft'>t 

{ceau^ttntffe&fevi. a*, :n6©LPFtt £*>2"3©«2M , >* r £*£, 2-2, sfc«Mtc#< 

R^**JW *gilI§§T(4. JK0J:5ftLPF«3X S^aStW*-*- 5SK*S&©tt. PWM**B§§ 

£>D> BPS, KH«PWM*^U7'«»»tt'J-l«KJiAU Jfc«W*S&«*©3t^< [EM I 
[0151] 

f^^'^^F^nyi^TH ##^&§§«. gUU-h'iaol, *a«fcBI*-t*PWMm*^-f 

n 6.(4^ 77 -db pwMit^L. m***;^ s^s«*rrs. ^n&tt*»ai**»«ftK»-r 
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CD"?, LPF«*ST*S. xVi^JW • W>Y- ■ ^DSJx^Tte, ?7X-BD PWMifiUgg 

07 l/'f *fflV»-0?«ifl)-#r l/'f Siftlllti i tC J: D , t*LPFO7H<0<att$#}BU 3* K 

- B D ©± J5&3»Jfo&«iT'£ $SStt3#5T**. 
[0152] 

-BD PWMtifi^^fl^MtHtaiSn^ Z.<Dlttt>, rJitfil' u-"7>f • -fUV-s-y^O) 1 ?* V? 
)V • 7V<i • ?V FXt:— *Tti, P WM C# 7 ? ^ W©tSf M^Clg^ito^bit 

, ifLPF^v^^ticiij, jKsb«. is*7j> &K&m%m®iztt?%&%\zM%m^mmj)mmtemik 
^ti^<Dim&*mm^%n±>mmk<D&xfrz<D\tiJ](D&mzmmh, m?jx< 5/^<k^«isg©ffl^n*3^5 

^-T-Stifni^O, »£H*StfifeH. L^7T, Wi!BOJ;5K«l«l/fcTU-f • 7-> FX 

[0 15 3] 

xV • W> F • ^a^x^^OJHrJEW&^JfclRfltfc^OT, 2 5 4«© ; ff*lfl****ft^*^K:JE»olB 

3 tl, HOflrCtt, ft*Mfc»5T*4. SP*>, £»-6 6 Oxr^l'tte*. SSV*:*— xV ( 

«*.«. 12KHzS^H5KHz) ST> 6©43J;-€-^|S]^CO^*f «fc 5 fc, Slfcgaitg 

< T5 lid xV • > F • ^x^*#/Jn£ H^gTf*g7 U-Y flffij&^O-y-tf >F© 

5mm^V^ 3 0mm©K*5IlTab5. ^*SK©IB]ffiSH, xV 5>*;P • F • 7u*?3l>?9\z «fcr>T;RtH3 

*i-5-tJ-C7>F(7?«^iSftt3H:«LT/h5V^i^. ffg&WcD rxyij 7XJ -iM Fa-7 (BP*,, «5SWtw±*S 

[0 15 4] 

02 6K^TJ;5£> xV 5>aw • U-f>F • ynyi^^ffli-if • -f>^-7i-7li Xf-^^^i 

A*— K • ^77-^7^XS:4lSt5. iWfc&fcli, VvyftaS&ttStlfctf—xV * • If^aTMi 
, DVD^Ht) A^rotr^t), **l@ffi*TCD3i^-e, x-fi^Wlf'^F • 7° Pxx^ i± 
n««t<, - +»-^>F • T'nvx^^cDXT— ^Xi3J;^nv>F1f^ ; &, ^n^A • t*x^±(;m?3i 

£:b£ft4. xV • tf-"7> F • ^D5;x^^©j|A^St*T?0<B^ffl9iW©^ , D-t^jBi**+»Jr*V» (#J 
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MEIftQft AMP ATP ARATVS T O CfrftATE A 8Q5B3imUL 

This invention relates to steeraMe acoustic antennae, and concerns in 
particular digital e lectronically-stoerab 1 e acoustic antennae. 
5 Phased array antennae are wail known m the art in both the duotroraagDetic 

and die ultrasonic acoustic fieida. They are less well known, but exist in simple 
forms, in the sonic (audible) acoustic area. These latter arc relatively crude, and the 
invention aeekfi to provide improvement related to a. superior audio acoustic array 
capable of being steered ao as to direct its output more or less at wilL 
1 0 ' WO 96/3 1 0S6 describes a system which itses a unary coded signal to drive a 

an array of output transducers. Each transducer is capable of creating a sound 
pressure poise and is not able to reproduce the whole of the signal to be output. 

A first aspect of the present invention addresses the problem that can arise 
when multiple channels are output by a a ingle array of output transducers with each 
15 channel being directed in a different direction. Due to the fact that each channel 
takes a different path to the listener, the channels can be audibly out of synchronism 
when they arrive at the listener's position 

In accordance with the first aspect there is provided a method of creating a 
sound field comprising * plurality of channels of sound using an array of output 
20 transducers, said method comprising: 

for each channel, selecting a first delay value in respect of each output 
transducer, said first delay value being chosen in accordance with fee position in the 
array of the respective transducer; 

selecting a second delay value for each channel, said second delay value 
25 being chosen in acconiarkce with the expected travelling distance of sound waves of 
that channel from said array to a listener, 

obtaining, in respect of each output transducer, a delayed replica of a signal 
representing each channel, each delayed replica being delayed by a value having a 
first component coaapiismg said first delay value and a second component 
30 comprising said second delay value. 
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Also in accordance with the first aspect of the invention there is provided 
apparatus for creating a sound field comprising: 

a plurality of inputs for a plurality of respective signals representing different 
sound channels; 
5 an array of output transducers; 

replication means arranged to obtain, in respect of each output transducer, a 
replica of each respective input signal; 

first delay means arranged to delay each replica of each signal by a respective 
first delay value chosen in accordance with the position hi the array of die respective 
10 " output transducer; 

second delay means arranged to delay each rcpHca of each signal by a second 
delay value chosen for each channel in accordance with the expected travelling 
distance of sound waves of that channel from the array to a listener. 

Thus, there is provided a method and apparams for applying two types of 
1 5 delay to each sound channel to alleviate the effect of different travelling distances for 
each channel. 

A second aspect of the invention addresses die problem thai arises in audio- 
visual applications of the array of output transducers. Due to the various delays (hat 
often need to be applied to the channels to create the desired effects, ihe sound 
20 channels can lag behind the video pictures noticeably. 

According to the second aspect of the invention, there is provided a method 
of providing temporal correspondence between pictures and sound in an audio-visual 
presentation using an array of output transducers to reproduce the sound content 
comprising a plurality of channels, said method comprising: 
25 delaying, in respect of each output transducer, a rephca of each signal 

representing a sound channel by a respective audio delay value-, 

delaying a video signal by a video delay value calculated so corcesponding 
video pictures are displayed at'substantially the time the temporally corresponding 
sound channels reach the listener. 
30 Further, in accordance with the second aspect of the present invention, there 
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is provided apparatus to provide icmporal correspondence between pictures and a 
phtrality of sound channels to an audio- visual presentation comprising: 
an array of output transducers; 

replication and delay means arranged to obtain, in respect of each output 
5 transducer, a delayed replica of each signal representing a sound channel; 

video delay means arranged to delay a corresponding vidoo signal by a video 
deiey value calculated so corresponding video pictures are displayed at substantially 
the time (he temporally corresponding sound channels reach the listener. 

This aspect of the invention thus allows the video and sound channels to 
i 0 ' arrive at fee viewer/listener at the correct time (ie in temporal correspondence with 
one another) 

A third aspect of the present invention addresses the problem that different 
sound channels may nave different contents and thus there arc different noeds in 
terms of the directivity to be achieved by any particular beam representing a sound 
15 channel. 

Accordingly, the third aspect of the invention provides a method of cresting a 
sound Betd comprising a plurality of channels of sound using an array of output 
transducers, said method comprising: 

for each channel, obtaining, in respect of each output transducer, a replica of a 
20 signal representing said channel so as to obtain a set of replica signals for each 
channel; 

applying a first window function to a first set of replica signals originating 
from a first sound channel signal; 

applying ft second, different, window function to a second set of replica 
25 signals originating from a second sound channel signal. 

Further, in accordance *r.th the third aspect of Che invention, there is provided 
apparatus to create a sound field comprising a plurality of channels of sound, 
comprising: 

an array of output transducers; 
30 replication means for providing, in respect of each otrfpuf transducer, a replica 
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of a signal representing each of said plurality of channels; 

windowing means for applying a fast window function to a first set of replica 
signals originating from a first sound channel signal and for applying a second, 
different, window function to a second set of replica signals originating from a 
5 second channel signal. 

This aspect therefore allows different window functions to be applied to 
different sound channels giving a more desirable sound field and making it easier to 
adjust -Sue volume of each sound channel independency. 

A fourth aspect of the invention, addresses the problem that a targe army is 
1 0 ' required to direct low frequencies whereas a smaller array can dircci high, frequencies 
to the same accuracy. Further, tow frequencies require higher power than high 
frequencies. 

In accordance with die fourth aspect of the invention there is provided a 
method of creating a sound field using an array of output transducers, said method 
15 composing; 

dividing en input signal into at least a low frequency component and a high 
frequency component; 

using output transducers spanning a first portion of the array to output said 
low frequency component; and 
20 using output transducers spanning a second portion of said amy smaller than 

said first portion to output said high frequency component. 

Further in accordance wiifc the fourth aspect of the invention there is provided 
apparatus for creating a sound field comprising: 

an array of output transducers wherein in a first area of the array the output 
25 transducers are more densely packed lb an in the remainder of said array. 

This aspect therefore allows all the frequencies to be output with fte desired 
directivity using an efficient mmsbar of output transducers. 

A fifth aspect of the invention relates to an efficient configuration of array 
which can direct sound substantially within a desired plane. 
30 In accordance with the fifth aspect of the invention there is provided an array 
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of output transducers positioned next to each other in a line; wherein each of said 
output transducers has a dimension, in the direction perpendicular to said line larger 
than the dimension parallel to said line. 

The above described configuration is particularly useful since the sound is 
5 primarily concentrated in a plane extending horizontally out of the front of the array. 
The concentration to a plane is achieved due to the elongate nature of the individual 
transducers and the directivity is achieved due to d» plurality of transducers in the 
array. 

The sixth aspect of ibe invention addresses the need to direct narrow or broad 
10 " beams to a defined position using reflective or resonant surfaces in accordance with a 
users desire. 

In accordance -with the sixth aspect of the presem invent ion mere is provided 
A method of causing plural Input signals representing respective channels to appear 
to emanate from respective different positions in space, said method comprising: 
1 5 providing a sound reflective or resonant surface at each of said portions in 

space; 

providing an array of output transducers distal from said positions in space; 

and 

directing, using said array of output transducers, sound waves of each channel 
20 towards tbo respective position in space to cause said sound waves to be re- 
transmitted by said reflective or resonant surface, said sound waves being focussed at 
a position in space in font of or behind; said reflective or resonant surface; 

said step of directing comprising; 

obtaining, in respect of each transducer, a delayed replica of each input signal 
25 delayed by a respective delay selected in accordance with the position in the array of 
die respective output transducer and said respective focus position such that the 
sound waves of the channel are directed towards the focus position in respect of that 
channel; 

Rurnming, in respect of each transducer, the respective delayed replicas of 
30 each input signal to produce an output signal: and 
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routfng the output signals to the respective transducers. 

Further in accordance with the sixth aspect of the present invention there is 
proved an apparatus for causing plural input signals representing respective 
channels to appear to emanate from respective different positions in space, said 
5 apparatus comprising: 

a sound reflective or resonant surface at each of said positions hi space; 

an array of output transducers distal from said positions in space; and 

a controller for directing, using said array of output transducers, sound waves 
of each channel towards that channel's respective position in space such that said 
10 " sound waves are re-transmitted by said reflective or resonant surface, said sound 
waves being focussed at a position in space in front o£ or behind, said reflective or 
resonant surface; 

said controller comprising; 

replication and delay means arranged to obtain, in respect of each transducer, 
15 a delayed replica of the input signal delayed by a respective delay selected in 

accordance with the position in the array of the respective output transducer and the 
respective focus position such that the sound waves of the channel axe directed 
towards the focus position io respect of that input signal; 

adder means arranged to sum, in respect of each transducer, the respective 
20 delayed replicas of each input signal to produce an output signal; and 

means to route the output signals lo the respective transducers such that the 
channel sound waves are directed towards the focus positi on in respect of that input 
signal. 

The sixth aspect of the invention allows a narrow or broad beam to he re- 
25 transmitted in accordance with the focus position being chosen behind or in Sent of 
tire reflector/resonator, 

The seventh aspect of the invention addresses the problem that it can be 
difficcU to determine exactly where sound is directed or rocussed and there is a 
requirement for an intuitive method which allows an operator to control (with 
30 feedback) where the sound is directed or focussed. 



4**2004-531125 



(48) 



In accordance with the seventh aspect of the present invention there is 
provided a, method of selecting a direction in which to focus sound, said method 
comprising; 

pointing a, video camera m the desired direction, using the viewfbnder or other 
5 screen sieans to determine if the direction is that desired; 

calculating a phrrality of signal delays to be applied to a set of replicas of an 
input signal so as to direct sound in the selected direction. 

Farther in accordance with the seventh aspect of the present invention there is 
provided a method of determining where sound is directed, said method comprising: 
10 ' automatically adjusting the direction in which a video camera points in 

accordance with the direction in which sound is directed; 

discerning from the view-finder or other screen means which direction the 
camera is pointing m. 

Furthermore in accordance with the seventh aspect of the present invention 
1 5 there is provided an apparatus for setting up or monitoring a sound field comprising: 
an array of output transducers; 
a dircctable video camera; 

means controlling said array of output trarisducers and said video camera such 
that said video camera points in the same direction as a sound beam iham said array 
20 is directed. 

The sev enth aspect of the invention thus allows a user to determine where 
sound is directed in an intuitive and easy manner. 

Generally , the invention is applicable to a preferably fully digital steexable 
25 acoustic phased array antenna (a Digital Phased Array Antennae, or DPAA) system 
comprising a plurality of spetialiy-ctfsnabuted sonic electroacoustic transducers 
(SETs) arranged in a two-dimensional array and each connected to the same digital 
signal input vta an input signal Distributor which modifies the input signal prior to 
feeding ft to each SET in order to achieve the desired directional effect. 
30 The various possibilities inherent in this, and the versions that are actually 
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p referred, wiU be seen from the following:- 

The SETs are preferably arranged in a plane or curved snrface (a Surface), 
rather than randomly in space. They jnay also, however, be in the Xonn of a 2- 
dimensional stack of two or more adjacent sub-arrays - two or more closely-spaced 
5 parallel plane or curved surfaces located one behind the next 

Within a Surface the SETb making up the array are preferably closely spaced, 
and ideally completely GU (he overall antenna aperture. This is unpractical with real 
circular -section SETs hut may he achieved with triangular, square or hexagonal 
section SETa, or in general with any section which tiles the plane. Where the SET 

1 0 " sections do not tile foe plane, a close approximation to a filled aperture may be 

achieved by making the array in the fonn of a stack: or arrays - ie, diree-dini ensiona L - 
where at least one additional Surface of SETs is mounted behind at least one other 
such Surface, and the SETs in the or each rearward array radiate between the gaps in 
tie frontward array (s). 

1 5 The SETs are preferably similar, and. ideally they are identical. They are, of 

course, sonic - thai is, audio - devices, and mos: preferably tbey are able uniformly to 
cover the entire audio band from perhaps as low as (or lower than) 20Hz, to as much 
as 2GKHz or more (the Audio Band). Alternatively, there can be used SETs of 
different sonic capabilities but together covering the entire range desired. Thus, 

20 multiple different SETe may be physically grouped together to form a composite 
SET (CSET) wherein tbe groups of different SETs together can cover the Audio 
Band even (hough the individual SETs cannot As a further variant, SETs each 
capable of only partial Audio Band coverage can be not grouped but instead scattered 
throughout the array with enough variation amongst the SETs that the array as a 

25 whole has complete or more nearly complete coverage of the Audio Band. 

An alternative form of CSET contains several (typically two) identical 
transducers, each driven by the same signal This reduces the complexity of the 
required si gnal processing and drive electavnics while retaining many of the 
advantages of a large DJPAA. Where the position of a CSET is referred to 

30 herein after, it is to be understood that this position is the ccntroid of the CSET as a 
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wholc, i.e. t|» centre of gravity of all of the individual SETs making up the CSET. 

Within a Surface the spacing of the SETs or CSET (hereinafter the two are 
denoted just by SBTs) - that is, the general Ijtyoot and structure of the array and the 
way the individual transducer arc disposed therein - is preferably regular, and raeir 
5 distribution about the Surface is desirably symmetrica!. Thus, the SETs are most 
preferably spaced in a triangular, square or hexegonal lattice. The type and 
orientation of the lattice can bo chosen to control the spacing and direction of side- 
lobes. 

Though not essential, each SET preferably has an omnidirecUonal 

1 0 ' inpnf output characteristic in at least a hemisphere at all sound wavelengths which it 
is capable of effectively radiating (or receiving). 

Bach output SET may take any convenient or desired form of sound radiating 
device (for example,, a conventional loudspeaker), and though they are all preferably 
the same they could be different. The loudspeakers may be of the type known as 

1 5 pis tort ic acoustic radiators (wherein tho transducer diaphragm is moved by a piston) 
and in such a case the maximum radial extent of the piston-radiators (eg, the effective 
piston diameter for circular SETs) of (he individual SBTs is preferably as small as 
possible, and ideally is as email as or smaller than the acoustic wavelength of the 
highest frequency in the Audio Band (eg in air, 20KHz sound waves have a 

20 wavelength of approximately 1 7mm, so for circular purtonic transducers, a maximum 
diameter of about 1 7mm is preferable, with a smaller size being preferred to ensure 
oinrn directionality). 

The overall dimensions of the or each array of SETs in the plane of tho array 
are very preferably chosen to be as great as or greater than the acoustic wavelength in 

25 air of the lowest frequency at which it is intended CO signi6canHy affect the polar 
radiation partem of the array. Thus, if H is desired to be able to beam or steer 
frequencies as low as 300Hz, then the array size, in the direction at right angles to 
each plane in which steering or beaming is required, should be at least c, / 300 - 1.1 
metre (where c, is the acoustic sound speed). 

30 The invention is applicable to fully digital steerabte sonic' audible acoustic 
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phwod array antenna system, and while the actual transducers can be driven by an 
analogue signal most preferably they are driven by a digital power amplifier. A 
typical sues digital power amplifier incorporates: a PCM signal input; a clock input 
(or & means of deriving a clock from the input PCM signal); an output clock, which 
5 ie either internally generated, or derived from the input clock or from an additional 
output clock input; and an optional output level input, which may be either a digital 
(PCM) signal or an analogue signal (in the latter case, this analogue signal may also 
provide ihe power for the smplifier output). A characteristic of a digital power . 
amplifier is that, before any optional analogue output filtering, its output is discrete 

1 0 ' valued and stepwise continuous, and can only change level at intervals which match 
the output clock period. The discrete output values are controlled hy the optional 
output level input, where provided. For PWM -based digital amplifiers, the output 
signal's average value over any Integer muftpte of the input sample period is 
representative of rise input signal. For other digital amplifiers, the output signal's 

1 5 average value tends towards the input signal's average value over periods greater 
than, the input sample period. Preferred forms of digital power amplifier include 
bipolar pulse width modulators, and one-hit binary modulators. 

The use of a digital power amplifier avoids tlie more common requirement - 
found in most so-called "digital" systems - to provide a di gita l-to-analoguc converter 

20 (DAC) and a linear power amplifier for each transducer drive channel, and therefore 
the power drive efficiency can be very high. Moreover, as most moving coil acoustic 
transducers are inherently md active, and mechanically act quite effectively as low 
pass filters, it may be unnecessaiy to add elaborate electronic low-pass filtering 
between the digital drive circuitry and the SETs. In other words, the SETs can be 

25 directly driven with digital signals. 

The DPAA has one or more digital input terminals (Inputs). When more than 
one input taarninal is present, it is necessary to provide means for routing each input 
signal to the individual SETs. ' 

This may be done by connecting each of the inputs to each of the SETs via 

30 one or more input signal Distributors. At the most basic, an input signal is fed to a 
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single Distributor, and that single Distributor has a separate output to each of the 
SETs (and the signal it outputs is suitably modified, as discussed beranafler, to 
achieve the end desired). Alternatively, there may be a number of similar 
Distributors, each taking the, or port of the, input signal, or separate input signals, 
5 and. then each providing a separate output to each of the SETs (and in each case the 
signal it outputs is suitably modified, with the Distributor, as discussed b Granatin-, to 
achieve the end desired). In mis latter case • a plurality of Distributors each feeding 
all the SETs - the outputs from each Distributor to any one SET have to be 
combined, and conveniently this it done by an adder circuit prior lo any further 

10 ' modification me resultant feed may undergo. 

The Input terminals preferably receive one or more digital, signals 
representative of the sound or sounds to be handled by the DPAA (Input Signals), Of 
course, the original electrical signal defining the sound to be radiated may be in an 
analogue form, and therefore the system of the invention may include one or more 

1 5 analogue-to-digital conveners (ADCs) connected each between an auxiliary analogue 
input terminal (Analogue Input) and one of the Inputs, thus allowing the conversion 
of these external analogue electrical signals to internal digital electrical signals, each 
with a specific (and appropriate) sample rate F%. And thus, within the DPAA, 
beyond the Inputs, the signals handled arc time-sampled quantized digital signals 

20 representative of the sound waveform or waveforms to be reproduced by the DPAA, 
The DPAA of the. invention incorporates a Distributor which modifies the 
input signal prior to feeding it to each SET in order to achieve the desired directional 
effect A Distributor is a digital device, or piece of software, with one input and 
multiple outputs. One of the. D?AA's Input Signals is fed into its input. It preferably 

25 has one output for each SET; alternatively, one output can be shared amongst a 
number of the SETs or the elements of a CSET. The Distributor sends generally 
differently modified versions of the input signal to each of its outputs. The 
modifications can be either fixed, or adjustable using a control system. The 
modifications carried out by the distributor can comprise applying a signal delay, 

30 applying amplitude control and/or adjustably digitally filtering. These modifications 
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may be carried out by signal delay means (SDM), amplitude control means (ACM) 
and adjustable digital niters (ADFs) which are respectively located within the 
Distributor. It is to be noted that die ADKs can be arranged to apply delays to Hie 
signal by appropriate choice of filler coefficients. Further, this delay can be made 
5 frequency dependent soch that different frequencies of the input signal are delayed by 
different amounts and the ffitcr can produce the effect of the sum of say number of 
such delayed versions of the signal The terms "delaying" or "delayed" used herein 
should be construed as incorporating the type of delays applied by ADFs as well as 
SDMs. The delays can be of any useful duration including aero, hot in general, at 

1 0 ' least one replicated input signal is delayed by a non-zero value. 

The signal delay means (SDN*) are variable digital signal tuWdelay 
elements. Here, because these are not single-frequency, or narrow frequency-band, 
phase shifting elements but true time-delays, the DPAA will operate overs broad 
frequency hand (eg the Audio Bend). There may he means to adjust the delays 

25 between a gives input terminal a»d each 5BT, and advantageously there is a 
separately adjustable delay means for each InputfSET combination. 

The minimum delay possible for a given digital signal is preferably as small 
or smaller than T M that signal's sample period; Hie maximum delay possible for a 
given digital signal should preferably be chosen to be as large as or larger than T„ the 

20 time taken for sound to cross the transducer array across its greatest lateral extent, 
D^, where T e - I c, -where c, is the speed of sound in air. Most preferably, the 
smallest incremental change in delay possible for a given digital signal should be no 
larger than T„ tbaf signal's sample period. Otherwise, interpolation of the signal is 
necessary. 

25 The amplitude control means (ACM) is conveniently implemented as digital 

amplitude control means for the purposes of gross beam shape modification. It may 
comprise an amplifier or alternator so as to increase or decrease the magnitude of an 
output signal. Like the SDM, there is preferably *a adjustable ACM for each 
Tnput/SET combination. The amplitude control means is preferably arranged to 

3 0 apply differing amplitude control to each signal output from the Distributor so as w 
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countaj-acT for the fact that the DPAA is of finite size by using a window function. 
This is convenient]}' achieved by normaKsjng the magnitude of each output signal m 
accordance with a predefined curve such as a Gaussian carve or a raised cosine 
curve. Thus, m general, output signals destined for SETs near the centre of the array 
5 win not be significantly affected but those near to the perimeter of the array will be 
attenuated according to how near to the edge of the array they are. 

Another way of modifying the signal uses digital filters (ADF) whose group 
delay and magnitude response vary in a specified way as a function of frequency 
(rather than just a simple tune delay or level change) - simple delay elements may be 

10 ' used in implementing these filters to reduce the necessary confutation. This 

approach allows control of the DPAA radiation pattern as a function of frequency 
which allows control of the radiation pattern of the DPAA to be adjusted separately 
in different frequency bands (which is useful because the size in wavelengths of the 
DPAA radiating area, and thus its directionality, is otherwise a strong function of 

1 5 frequency). For example, for a DPAA of say 2m extra t its low frequency cut-off (for 
direcdonauty) is around the 150Hz region, and as the human ear has difficulty in 
determining directionality of sounds at such a tew frequency it may be snore useful 
not to apply " r beam-steermg" delays and amphlude weighting at such low frequencies 
but instead to go for an optimized output level Additionally, the use of filters may 

20 also allow some compensation for uncvenness in the radiation pattern of each SET. 

The SDM delays, ACM gains and ADF coefficients can be fixed, varied in 
response to User input, or under automatic control Preferably, any changes required 
while a channel is in use are made m many small increments so that no discontinuity 
is heard. Those increments can be chosen to define predetermined "roll-ofT and 

25 -attack" rates which describe how quickly the parameters are able to change. 

Where more than one Input is provided - ie there are / inputs numbered 1 to J 
and where there are N SETs, numbered J 1o N, it is preferable to provide a separate 
and separately-adjustable delay, amplitude control and'or filter means D to (where / = 
Jtoln^J toN. between each of the /inputs and each of the rV SETs) for each 

SO combination. For each SET there are thus / delayed or filtered digital signals, one 
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frora cadi of the Inputs via the separate Distributor, to be combined before 
application to the SET. There are in general N separale SDMa, ACMs and/or ADFs 
in each Distributor, oxie for each SET. As noted above, this combination of digital 
signals is conveniently done by digataJ algebraic addition of the / separate delayed 
5 signals - :c the signal to each SET is a linear combination of separately modified 
signals from each of the /Inputs, The requirement to perfiwm digital addition of 
signals originating from more than one Input means thai the digital sampling rate 
converters (DSRCs) may need to be used, to synchronize these external signals, as it 
is generally not meaningful to perform digital addition oo two or more digital signals 

1 0 ' with different clock rates and/or phases. 

The DPAA system may be used with a remote-control handset {Handset) that 
communicates with the DPAA electronics (wa wires, or radio or infra-red or some 
other wireless technology) over a distance (ideally from anywhere m die listening 
area of the DPAA), and provides manual control over all me major functions of the 

1 5 DPAA. Such a control system would be most useful to provide the following 
functions: 

1 ) sel ection of which Inputs) are to be connected to whi cfa Distributor, 

which might also be termed a "Channel*; 
2} control of the focus position and/or beam shape of each Channel; 
20 3) control of the individual volume-level settings for each Channel; and 

4) an Initial parameter set-up using the Handset having a built-in 
microphone (see laler). 
There may also be: 

means to interconnect two or more such DPAAs in order to coordinate 
25 their radiation patterns, their focussing and their optimization procedures; 

means to store and recall sets of delays (for the DDGs) and filter 
coefficient (for the ADFs); 

The LrxveorJon will be further described, by way of non-limitative example 
only, with reference to the accompanying schematic drawings, in which> 
30 Figure I shows a representation of a simple single-input apparatus; 
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Pigure 2 is ft block diagram of a multiple-input apparatus; 

Figure 3 is a block diagram of a general purpose Distributor, 

Figure 4 is a block diagram of a linear amplifier and a digital aiupUficr used 

in preferred embodiments of me present invention; 
5 Figure 5 eJiows the mtsreonnecfron of several arrays with common control 

and input stages; 

Figure 6 shows a Distributor in accordance with the first aspect of the present 
mventfon; 

Figures 7A to 7D show lour types of sound field which may be achieved 
1 0 using the apparatus of the first aspect of the present invention; 

Figure 8 shows throe different beam paths obtained when three sound 
channels are directed in different directions in a room; 

Figure 5 shows an apparatus for applying a delay to each channel to account 
for different travelling distances; 
1 5 Figure 10 shows an apparatus fcr delaying a video signal in accordance with 

the delays applied to the audio channels: 

Figures HAto 1 ID show various window functions used to explain the third 
aspect of the present invention; 

Figure 12 shows an apparatus for applying different window functions to 
20 different chancels; 

Figure 13 ie a block diagram showing apparatus capable of shaping different 
frequencies in different ways; 

Figure 14 shows an apparatus for routing different fiequency bands to 
separate output transducers; 
25 Figure 15 shows an apparatus for routing different frequency bands to 

overlapping seta of output transducers; 

Figure 16 shows a front view of an array wxfh symbols representing the 
frequency bands which each transducer outputs; 

Figure 17 shows an array of output transducers having a denser region of 
30 transducers near the centre, in accordance with the fourth aspect of the invention; 
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Figure 1 8 shows a single transducer having an elongate structure; 

Figure 19 shows an array of the transducers shown in Figure 18; 

Figure 20 shows a plan view of an array of output transducers end 
reflect ivatcsoaaai screens to achieve a surround sound effect; 
5 Figure 2 1 shows a plan view of an array of transducers and reflecttVe/rcsonant 

surfaces, with beam patterns being reflected from the surfaces; 

Figure 22 shows a side view of en array having a video camera attached in 
accordance with the seventh aspect of the invention; 

Figure 23 is a drawing, of a typical set-tip of a loudspeaker system in 
10 accordance with the first aspect of the present invention; 

Figure 24 is a block diagram of a first part of a digital loudspeaker system in 
accordance with a preferred embodiment of the first aspect of the present invention; 

Figure 25 is a block, diagram of a second part of a digital loudspeaker system 
in accordance with a preferred embodiment of the first aspect of the present 
15 invention; and 

Figure 26 is a block diagram of a third part of a digital loudspeaker system in 
accordance with a preferred embodiment of the first aspect of the present invention. 

The description and Figures provided hereinafter necessarily describe the 
20 invention using block diagrams, with each block representing a hardware component 
or a signal process nig step. The invention could; in principle, be realised by building 
separate physical components to perform each step, end Intswaimecting. thorn as 
shown. Several of the steps could be implemented using dedicated or programmable 
integrated circuits, possibly combining several steps in one circuit. It will be 
25 understood that i n practice it is likely to be most convenient to perform several of the 
signal processing steps in software, using Digital Signal Processors (DSPs) or 
general purpose nncroproce&sors. Sequences of steps could then be performed by 
separate processors or by separate software routines sharing a Ducroproccssor. or be 
combined into a single roaaae to improve efficiency, 
30 The Figures generally only show audio signal paths; dock and control 
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connections are omitted for clarity unless necessary to convey the idea. Moreover, 
only small numbers of SETs, Channels, and their associated circuitry am shown, as 
diagrams become cluttered and hard to interpret if the realistically large numbers of 
elements are included. 
5 Before Che respective aspects of the present invention are described, it is 

useful to describe embodiments of the apparatus which are suitable for use in 
accordance "with any of the respective aspects. 

The block diagram of Figure 1 depicts a simple DPAA. An input signal (101) 
feeds a Distributor (102) whose many (6 in the drawing) outputs each connect 

10 through optional amplifiers (1 03) to output SETs (104) which are physically 

arranged to form a two-dimensional array (105). The Distributor modifies the signal 
sent to each SET to produce the desired radiation pattern. There may be additional 
processing steps before and after the Distributor, as illustrated later. 

Figure 2 shows a DPAA with two input signals (501,502) and three 

15 Distributors (503-505). Distributor 503 treats the signal 501, whereas both $04 and 
505 treat the input signal 502. The outputs from each Distributor for each SET are 
aummed by adders (506). and pass through amplifiers 103 to the SETs 104. 

Figure 3 shows the components of a Distributor. It has a single input signal 
(10 1) coming from the input circuitry and multiple outputs (802), one for each SET 

20 or group of SETs. The path frosn the input to each of the outputs contains a SDM 
(803) and/or an ADF (804) and/or an ACM (80S). If the modifications made in each 
signal path are similar, the Distributor can be implemented more efficiently by 
including global SDM, ADF and/or ACM stages (806-808) before splitting the 
signal The parameters of each of the parte of each Distributor can be varied under 

25 User or automatic control. The control connections required fox this are not shown 
Figure 4 shows possible power amplifier configurations. Tn one option, the 
input digital signal (1 001), possibly from a Distributor or adder, passes through a 
DAC (1 002) and a linear power amplifier (1003) with an optional gainto>]nme 
control input (1004). The output feeds a SET or group of SETs (1005). In a 

30 preferred configuration, this time illustrated for two SET feeds, the inpuls 0 006) 
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directly feed digital amplifiers (1007) with optional global volume control input 
(1008). The global volume control inputs can conveniently also serve as the power 
supply to the output drive circuitry. The discrete-valued digital amplifier outputs 
optionally pass through analogue low-pass filters (1009) before retching the SETs 
5 (1005). 

Figure S illustrates the interconnection of three DPAAs (1401). In this case> 
die inputs (1 402), input circuitry (1403) and control systems (1404) are shared by all 
three DPAAs. The input circuitry and control system could either be separately 
boused or incorporated into one of die DPAAs, with the others acting as slaves. 

10 ' Alternatively, die three DPAAs could be identical, with the redundant circuitry in the 
slave DPAAs merely inactive. This set-up allows increased power, and if the arrays 
are placed side by aide, better directivity at low frequencies. 

The apparatus of Figures 6 and 7 A to 7D has the general structure shewn in 
Figure 1 . Figure 6 shows a preferable Distributor (102) in farther detail 

15 As can be seen from Figure 6, the input signal (101) is routed to a replicator 

(1504) by means of an input terminal (1514). The replicator (1 504) has the function 
of copying the input signal a pre- determined number of times and providing the same 
signal at said pre -determined number of output terminals (151 S), Each replica of the 
input signal is then supplied to the means (1506) for modifying the replicas. In 

20 general,, the means (1 506) for modifying the replicas includes signal delay means 
(1 508), amplitude control means (1510) and adjustable digital filter means (1512). 
However, it should be noted that the amplitude control means (151 0) is purely 
optional. Further, one or other of die signal delay means (150S) and adjustable 
digital filter (1 5 12) may also be dispensed with. The most fundamental function of 

25 the means (1506) to modify replicas is to provide that different repucas sre in some 
sense delayed by generally different amounts. It is the choice of delays which 
determines the sound field achieved when the output transducers [104) output the 
various delayed versions of the input signal (101). The delayed and preferably 
otherwise modified replicas are output from the Distributor (1 02) via output 

30 terminals (1 516). 
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As already mentioned, the choice of respective delays carried by each signal 
delay means {1508) and'Or each adjustable digital filter (1512) critically influences 
the type of sound field which is achieved. In general, Ihere are four particularly 
advantageous sound fields wliich can be Sncarty combined . 

5 

fimSpffldFtrid 

A first sound field is shown in Figure 7A. 

The array (105) comprising the various output transducers (104) is shown in 
1 0 * plan view. Other rows of ontput transducers may be located above or below the 
illustrated row. 

The delays applied to each replica by the various signal delay means (508) are 
set to be the same value, eg 0 (in the case of a plane array as illustrated), or to values 
that are a function of the shape of the Surface (in me case of curved surfaces) This 

1 5 prod uces a roughly parallel "beam" of sound representative of the input signal (101), 
-which has a wave front F parallel to the array (105). The radiation in the direction of 
the beam (perpendicular to the wave front) is significantly more intense than in other 
directions, though in general there will be "side lobes" too. The assumption is that 
the array (1 05) has a physical extent which is one or several wavelengths at the sound 

20 frequencies of inierest This fact means that the side lobes can generally be 
attenuated or moved if necessary by adjustment of the ACMs or ADFs. 

The mode of operation may generally be thought of as one in which the array 
(1 05) mimics a very large traditional loudspeaker. All of the individual transducers 
(1 04) of the array (1 05} aro operated in phase to produce a symmetrical beam with a 

25 principle direction perpendicular to {be plane of the array. The sound field obtained 
will be very similar to that which would be obtained if a single large loudspeaker 
having a diameter D was used. 
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Hie first sound field might be thought of as t specific example of the more 
genera] second sound field. 

Here, the delay applied to each replica by the signal delay means (1 508) or 
adjustable digital filler (1512) is made to vary such thai the delay increases 
5 systematically amongst the transducers (1 04) in some chosen direction across the 
sui&ce of the array. This is illustrated in Figure 7B. The delays applied to the 
various signals before they are routed to their respective output transducer (104) may 
be visualised in Figure 7B by the dotted lines extending behind the transducer. A 
Longer dotted line represents & longer delay rime m general, the relationship 

10 * between the dotted lines and the actual delay time will be d* « t,*c where d 

represents the length of the dolled line, t represents the amount of delay applied to 
the respective signal and c represents the speed of sound in air. 

As can be seen from Figure 7B r the delays applied in the output transducers 
increase linearly as you move from left to right in Figure ?B. Thus, the signal routed 

15 to the transducer (1 04a) has substantially no delay and thus is the first signal to exit 
(he array. The signal routed to the transducer (104b) has a small delay applied so this 
signal is the second U) exit die array. The delays applied to the transducers (1 04c, 
1 04d, I04e etc) successively increase so that there is a fixed delay between the 
outputs of adjacent transducers. 

20 Such a series of delays produces a roughly parallel "beam" of sound similar to 

thai produced for the first sound field except that now the beam is angled by an 
amount dependent on the amount of systematic delay increase mat was used. For 
very small delays (t„ « T w n) the beam direction will be very nearly orthogonal to 
the array (105); for larger delays (max %) - T t the beam can be steered to be nearly 

25 tangential to the surface. 

As already described, sound waves can be directed without focussing by 
choosing delays such that the same temporal parts of the sound waves (those parts of 
the sound waves representing the same Information) from each transducer together 
form a front F travelling in a particular direction. 

30 By reducing the amplitudes of the signals presented by a Distributor to the 
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SETs located closer to the edges of the array (relative to the amplitudes presented to 
the SETs closer to tbe middle of the array), the level of the side lobes (due to the 
finite array size) in the radiation pattern may be reduced. For example, a Gaussian or 
raised cosine carve may be used to determine the amplitudes of the signals from each 
5 SET. A trade off is achieved between adjusting for the effects of finite array size and 
the decrease in power due to the reduced amplitude in the outer SETs. 



io Third Saalg&d 

If the signal delay applied by die signal delay means (i 506} and/or tbe 
adaptive digital filter (1 512) is chosen such that tbe sum of the delay plus the sound 
travel time from that SET (104) to a chosen point in space io from of tbe DPAA are 
1 5 for all of the SETs the same value - ie. so that sound waves arrive from each of the 
output transducers at the chosen point as m -phase sounds - then the DPAA may be 
caused to focus sound at that point, P. This is illustrated in Figure 7C. 

As can be seen from Figure 7C, the delays applied at each of the output 
transducers (104a through I04h) again increase, although this lime not linearly. This 
20 causes a curved wave front F which converges on the focus point such that the sound 
intensity at and around the focus point (m a region of dimensions roughly equal to a 
wavelength of each of the spectral components of the sound) is considerably higher 
than at other points nearby. 

The calculations needed to obtain sound wave focussing can be generalised as 
25 follows:- 



focal point position vector, f = 



(63) 



position, p tt « 



Pm 

JV 



traosir time Xor ath transducer, f M = --^(f - p.) r (f -p.) 
required delay /or each transducer, d n = k- t n 

' where A is a constant offset to ensure that all delays are positive and hence realisable. 

The position of die focal point may be varied widely almost anywhere in 
front of file DP AA by suitably choosing ibe set of delays as previously described 

Ppurfo Sound Field 

Figure 7D shows « fourth sound field wherein yet another rationale is used to 
determine the delays applied to t3w signals routed to each output transducer. In this 
embodiment, Huygens wavelet theorem is invoked to simulate a sound field which 
has an apparent origin O- This is achieved by setting the signal delay created by the 
signal delay means (1 5CJ8) or the adaptive digital filter (1512) to be equal to the 
sound travel time from a point in space behind the array to the respective output 
transducer. These delays are illustrated by the dotted lines in Figure 7D. 

It will be seen from Figure 7D that those output transducers located closest to 
the simulated origin position output a signal before those transducers located further 
away from die origin position. The interference pattern set up by the waves emitted 
front each of the transducers creates a sound field which, to listeners in the near field 
in front of the array, appears to originate at the simulated origin. 

Hemispherical wave fronts are shown in Figure 7D. These sum to create (he 
wave front F which has a curvature and direction of movement the same as a wave 
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front would have if it had originated at the simulated origin. Thus, a true sound field 
is obiainod. The equation for calculating the delays is now:- 

where t^ Is defined as in the third embodiment and j is an arbitrary offset 

S 

It can be seen, therefore, that the general method utilised involves using the 
replicator (1 504) to obtain N replica signals, one for each of the N output 
transducers. Each of these replicas are then delayed (perhaps by filtering) by 
respective delays winch arc selected in accordance with both the position of the 
10 respective output transducer in the array and the effect to be achieved. _ The delayed 
signals arc then routed to the respective output transducers to create the appropriate 
sound field. 

The distributor (1 02) preferably comprises separate replicating and delaying 
means so thai signals may he implicated and delays may be npptied to each replica. 
15 However, other coiifiguxaiious are included in the present invention, for example, an 
input buffer with N taps may be used, the position of the tap determining the amount 
of delay. 

The system described is a linear one and so it is possible to combine any of 
the above four eflfecls by simply adding together the required delayed signals for a 

20 particular output transducer. Similarly, the linear nature of die system means that 
several inputs may each be separately and distinctly focussed or directed in the 
manner described above, giving rise to controllable and potentially widely separated 
regions where distinct sound fields (representative of the signals at the different 
inputs) may be established remote from (he DP AA proper. For example, a first 

25 signal can be made to appear to originate some distance behind the DP AA and a 
second signal can be focussed on a position scone distance in front of the DPAA. 
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Tbe first aspect of die mvention relates to the use of a DPAA in a 
multichannel system. As already described, different channels may be directed in 
different directions using the same array to provide special effects. Figure 8 
schematically shows this in plan view the array (3801) is used to direct a first beam 
S of sound (Bl) substantially straight! ahead towards a listener (X). This can be either 
focussed ox not as shown in Figures 7A or 7B. A second beam (B2) is directed at a 
slight angle, so that the beam passes by the listener (X) and undergoes multiple 
reflections from the walls (3302), eventually reaching the listener again. A third 
beam (B3) is directed at a stronger angle so that it bounces once of the side wall and 

10 " leaches the listener. A typical application for such a system is a home cinema systorj 
in which Beam Bl represents a centre sound channel, beam B2 represents a right 
surround (right rear speaker in conventional systems) sound channel and beam B3 
represents a left sound channel. Further beams for (be right channel and left surround 
channel may also be present but are omitted from Figure 8 for clarity. As is evident, 

15 (he beams travel different distances before reaching the user. For example, the centre 
beam may travel 4.8m, the left and right channels may travel 7.8in and the surround 
channels travel 12.4m. To account for this, an extra, delay can be applied to the 
channels which travel the shortest distance so that each channel reaches the user 
substantially simultaneously. 

20 Apparatus for achioving this is shown hi Figure 9. Three channels 

(3901,3902,3903) are input to respective delay means (3904). The delay means 
(3904) delay each channel in time by an amount determined by a delay controller 
(3909). The delayed channels then pass to distributors (3905), adders (3906), 
amplifiers (3907) and output transducer* (3908). The distributors (3905) replicate 

25 and delay the replicas so as to direct the channels in different directions as shown in. 
Figure 8. The delay controller (3909) chooses delays based on the expected distance 
sound waves of that channel will travel before reaching the user. Using the above 
example, the surround channel" travels the furthest and so is not delayed at all. The 
left channel is delayed by 13.5 ms so it arrives at the same time as the surround 

30 channel and the centre channel is delayed by 22.4 ms so that it arrives at the same 
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iime as the surround channel and the left channel. This ensures that ell channels 
Teach the listener at the same time. If (he direction of the channels is changed, the 
delay controller (3909) can lake account of this aad adjust the delays accordingly. la 
Figure 9, the delay moans (3904) are shown before the distributors. However, they 
5 may beneficially be incorporated into the distributors so that the delay controller 
(3900) inputs a signal to each distributor and this delay is applied to all replicated 
signals output by that distributor. Further, in another practical alternative, there can 
be used a single delay controller (3909) which chooses the resultant delay for each 
channel replica and thus Bends delay date to each distributor, without the need for 
10 separate delaying elements (3904). 



In the above described first aspect, die delays in the sound reaching the user 

15 can be considerable and become more noticeable a* they increase in magnitude. For 
audio-video applications, this can cause the pictures to lead the sound, giving an 
unpleasant effect This problem can be sol ved by use of the apparatus shown in 
Figure 10. Corresponding audio and video signals are supplied firam a source such as 
a DVD player (4001). These signals are read out simultaneously and have a temporal 

20 correspondence. A channel splitter (4004) is used to obtain each channel of audio 
from the audio signal mid each channel is applied to the apparatus shown hi Figure 9. 
The audio delay control! ex (3909) is connected to a video delay means (4005) so thai 
the video signal can be delayed by an appropriate amount so that sound and pictures 
reach the user at the same time. The output from the video delay means is then 

25 output to screen means (4006). The video delay applied is generally calculated with 
reference to the greatest distance travelled by a sound beam, ie the surround channel 
in Figure 8. The video delay in this case would be set to be equal to the travel lime 
of beam B2, which is not delayed by audio delay means (3904). It is usually 
desirable to delay the video signal by an integer number of frames, meaning that (he 

30 video delay values are only approximately equal to the calculated value. Even the 
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suiTOimd channels may undergo some delay due to any processing (eg dieting) they 
undergo, Thus, a further component may be added to the video delay value to 
account for this processing delay. Further, it is often simpler to delay the video 
signal until the sound that reaches the listener on a direct path (eg Beam Bl in Figure 
5 8) leaves the speaker. The resulting error is generally smalt, and listeners are 

accustomed to it from current AV systems. Claims 1 1 and 16 are intended to cover 
the system whereby this and approxhnarioos due to integer video frames are used, by 
virtue of the phrase "at substantially the time". 

As a refinement, the video delay means con be connected (see dotted hne in 

1 0 Figure 10) as woll to each distributor (3905) so mat appropriate account can be taken 
of any delays applied for reasons of beam directivity too. As a further refinement, 
the video-processing circuitry can be used to provide an on-screen display of tho user 
interface of the sound system. In a mere general software embodiment, each 
component of audio delay would be calculated by a cncropTOoessor as part of a 

1 5 program and a complete delay value would be calculated for each replica. These 
values would unco be used to calculate the appropriate video delay. 

Third Aspect of the Invention 

20 When multiple channels are used, it can be beneficial to apply a different 

window function lo each channel. The window function reduces the effects of "side 
lobes" al the expense of power. The type of window function used is chosen 
dependent on the qualities required of the resultant beam. Thus, if beam directivity is 
irnportant, a window function as is shown in Figure 1 1 A should be used. If less 

25 directivity is required, a more gentle function as shown in Figure 1 ) D can be used. 

An apparatus for achieving this is shown in Figure 12. This apparatus is 
substantially the same as mat shown in Figure 9, except the extra delay means (3904) 
are omitted. Such extra delay means can be combined with this aspect of the 
invention however. An extra component (4101) is positioned after the distributors in 

30 Figure 12. This component applies the windowing function. This component can 
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beneficially be combined with the distributors bui is shown separately for clarity. 
The windowing means (4 1 01} applies a window fraction to the set of replicas for a 
channel- Thus, the system can bs configured so that different window functions are 
chosen for each channel. 
5 This system has a farther advantage. Channels having a high bass content ore 

generally required to have a high level and directivity is not so important. Thus, the 
window function ess be altered for such channels to meet these needs. An example 
is shown in Figures 1 1A-D. Figure 1 1 A shows a typical window function. 
Transducers near the outside of array (4102) have a lower output level than those in 

10 the centre to reduce side lobes and improve directivity. If the volume is turned up, 
all output levels increase and some transducers in the centre of the array may saturate 
(see Figure 1 IB), having reached full scale deflection (FSD). To avoid this, the 
shape of the window function can be changed instead of merely amplifying the 
output of each transducer. This is shown in Figures 2 IC and 1 ID. As the volume is 

1 5 increased, the outer transducers play a greater role in contributing to the overall 
sound. Although this increases the side lobes, it also increases Che power output 
giving a louder sound, without any clipping (saturation). 

The above technique is most important tor the higher frequency wrrrmortents. 
Thus, flic present aspect can be combined with the fourth aspect (see later) 

20 advantageously. For lower frequencies, where directivity is leas attainable and less 
important a flat ("Boxcar") window function may be used to achieve maximum 
power output. Also, the changing of the window function to account for increased 
volume as shown in figure 1 ID is not essential and saturation as shown in Figure 
11B may not in practice appreciably deteriorate quality since the windows still falls 

25 off to zero avoiding b discontinuity at the edges and a discontinuity in level is more 
damaging than a discontinuity in gradient, as shown in Figure 1 IB. 

Fourth Aspect of the Invention 

30 The directivity achievable with the array is a function of the frequency of the 
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signal to be directed and the size of the array. To direct a low frequency signal, a 
larger array is necessary than to direct a high frequency signal wife fee same 
resolution. Furthermore, low frequencies generally require more power (ban high 
frequencies. Thus, it is advantageous to split an input signal into two or more 
5 frequency bands and deal with these frequency bands separately m terms of the 
directivity which is achieved using the DPAA apparatus. 

Figure 13 illustrates the general apparatus for selectively beaming distinct 
frequency bands. 

Input signal 101 is connected to a signal sputter/combiner (2903) and hence 
10 to a low-pass -filter (2901) and a high-pass-filter (2902) in parallel channels. Low- 
pass-filler (2901) is connected to a Distributor (2904) which connects to all the 
adders (2905) which are in turn connected to tho N transducers (104) of the DPAA 
(105). 

High-pass- fill sr (2902) connects to a device (102) which is the same as 

1 5 device (1 02) in Figure 1 (and which in general contains within it N variable- 
amplitude and variable -time delay elements), which to turn connects to the other 
ports of the adders (2905). 

The system may be used to overcome the effect of far-field cancellation of the 
low frequencies, due to the array size being small compared to a wavelength at those 

20 iower frequencies. The system therefore alloc s different frequencies to be treated 
differently in terms of sliaping the sound field. The lower frequencies pass between 
the source/detector and the transducers (2904) all with the same time-delay 
(nominally zero) and amplitude, whereas the higher frequencies are appropriately 
time-delayed and amplitude-controlled for each of the N transducers independently. 

25 This allows anti-beaming or nulling of the higher frequencies without global far-field 
nulling of the low frequencies. 

It is to be noted that the method according to the fourth aspect of the 
invention can be carried out using the adjustable digital filters (512). Such fibers 
allow different delays to be accorded to different frequencies by simply choosing 

30 appropriate values for the filter coefficients. In this case, it is not necessary to 
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separately split up the frequency bands and apply different delays to the replicas 
derived from each frequency band- An appropriate effect can be achieved simply by 
filtering the various replicas of the single input signal. 

Figure 14 shove another embodiment of this aspect in which different sets of 
5 output transducers of the array are used to transmit different frequency bands of the 
input signal (1 01 ). As in Figure 1 3, the input signal (1 01 ) is split into a high 
frequency band by a high pass filter (3402) and a low frequency band by a low pass 
filter (3405). The low frequency signal is muted to a Srst set of transducers (3404) 
and the high frequency band is routed to a second, set of transducers (3405). The first 

10 'set of transducers (3404) span a larger physical extent of file array than the high 
frequency transducers (3405) do. Typically, the extent (feat is, the magnitude of a 
characteristic dimension) spanned by a set of transducers is roughly proportional to 
the shortest wavelength to be transmitted. This gives roughly equal directivity for 
both (or aQ if more than two) frequency band's. 

2 5 Figures 1 5 shows a further embodiment of this aspect in which some output 

transducers are shared between bands. Again, the signal is split into low and high 
frequency components by lowpass filter (3501) and a high pass filter (3502). The 
low frequency distributor (3503) routes appropriately delayed replicas of the low 
frequency component of the input signal to a first set of me output transducers 

20 (3505). In this example, this first set comprises all the transducers in tilt array. The 
high frequency distributor routes die high frequency component of the input signal to 
a second set of output transducers (3506). These transducers aro a subset of the 
whole array and, as shown in the Figure, may be the same ones as are used to output 
the low frequency component. In this case, adders (3504) are required to add the tow 

25 frequency and high frequency signals prior to output. Thus, in mis embodhnent, 
more transducers are used to output the low frequency component and thus more 
power can be achieved where it is needed e± the low frequencies. To further improve 
the power output at low frequencies, the outer transducers (which output solely low 
frequencies) can be larger and more powerful. 

30 This method has the advantage that the directivity achieved is the same across 
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ail frequencies and a minimum of transducers are used for the high frequencies, 
resulting in decreased complexity and cost. This is especially the case when a set-up 
such as is shown in Figure 14 is used, wjtfi low -frequency specific transducers 
around the outside of the array and high frequency transducers near the centre. This 
5 has the further advantage thai cheaper limited range transducers may be used rather 
than full-range transducers. 

Figure 1 6 shows schematically a front view of an array of transducers, each 
symbol representing a transducer (note the symbols arc not intended to relate in any 
way to the shape of the transducer used). When the method of Figure 14 is used, die 

10 " square symbols represent transducers which are used to ootput low frequency 
components. The circle symbols represent transducers which output mid-range 
components and the triangle symbols represent transducers which output high 
frequency components. 

When the method of Figure 15 is used, the triangle symbols represent 

1 5 transducers which oulpct components of all three frequency ranges. The circle 
symbols represent transducers which output only raid-range and low frequency 
signals and the square symbols represent transducers which output only low 
frequencies. 

This aspect of the invention is fully compatible with the above-described 
20 third aspect since windowing functions can be used, with the calculation taking place 
after die distributors (3403, 3503,3507). When dedicated transducers arc used (as in 
Figure 14), the "bole* in the low frequency window inaction caused by the presence 
of a centre array of high frequency transducers is not usually detrimental to 
performance, especially if (he hole is sufficiently small with respect to the shortest 
25 wavelengths reproduced by the tow frequency channel. 

It is evident from Figure 1 6 that less transducers arc used for the high 
frequencies than for the low frequencies and that the spacing between adjacent 
transducers is constant. However, the maximum acceptable transducer spacing is a 
function of wavelength so mat to avoid sideiobes at high frequencies requires more 
30 tightly packed (eg every >J2) transducers. This makes it expensive in terms of 
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transducers and drive electronics to cover an area large enough to direct low 
frequencies on the erne bead but with tightly spaced transducers to direct high 
frequencies on die other hand. To solve this problem, an array as shown in Figure 17 
is provided. This array has a higher than average density of output transducers 
5 Located near the centre portion. Thus, more closely packed transducers can be u*ed 
to output the high frequencies without increasing the extent of die array and thus the 
directivity of the beam. The large low frequency area is covered by less closely 
packed transducers whereas the central high frequency area has a more tightly packed 
area, optimising cost and performance at alj frequencies. In Figure 1 7, the squares 
10 " merely show the presence of a transducer and not the shape or the type of signal 
output, as in Figure 16. 

EUttu^gpgct, Qffae Invention, 

25 Figure 1 S shews a transducer having a length L longer than its width W- This 

transducer can advantageously boused hi an array of like transducers as shown in 
Figure 19. Here, the transducers 3701 are positioned next to one another in a line 
seen (hat the line extends in the perpendicular direction to the longest side of each, 
transducer. This arrangement provides a sound field which can be directed well in 

20 the hariasntal plane and which, thanks to the elongated shape of each transducer, has 
most of its energy in the horizontal plane. There is very little sound energy directed 
to other planes resulting in good efficiency of operation. Thus, the fifth aspect 
provides a 1 -dimensional array made of elongated transducers which gives light 
directi vity in one direction (thanks to the elongated shape) and controllable 

25 directivity in the other (thanks to the array nature). The aspect ratio of each 

transducer is preferably at least 2:2, more preferably 3:1 and more preferably anil 
5:1. The elongate nnture of each transducer causes the effect of sound being 
concentrated in a plane whereas the array of transducers in a line gives good 
directivity within the plane. This array may be used as the array in any of the other 

30 aspects of the invention. 
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Skfla Agassi QjJ^gJgaBBag 

The sixth aspect of toe mvartion relates to the use of a DPAA system to 
create a surround sound or stereo effect using only a single sound emitting apparatus 
5 similar to the apparatus described above. Particularly, the sixth aspect of the 
invention relates to directing chffereot channels of sound ui different directions no 
that the soundwaves impinge on a reflective or resonant surface and are re- 
transmitted thereby. 

This sixth aspect of the invention addresses, the problem thai where the 

1 0 ' DPAA is operated outdoors (or any other place having substantially ajiechoic 
conditions) an observer needs to move dose to those regions in which sound has 
been fbcussed in order to easily perceive the separate sound Gelds. It is otherwise 
difficult for the observer to locate the separate sound fields which bave been created. 
If an acoustic reflecting surface, or alternatively an acoustically resonant body 

15 which re-radiatcB absorbed incident sound energy, is placed in the path of a sound 
beam, it re-radiates die sound; and so effectively becomes a new sound source, 
remote fiona the DPAA, and located at a region determined by the focussing used (if 
any). If a plane reflector is used then the reflected sound is predominantily directed in 
a specific direction; if a diffuse reflector is present then the sound is re-radiated more 

20 or less m all directions away from the reflector on the same side of the reflector as 
the sound is incident from the DPAA. Thus, if a number of distinct sound signals 
representative of distinct input signals are directed towards distinct regions by the 
DPAA in the manner described, and within each region is placed such a reflector or 
resonator so as to redirect the sound from each region, then a true multiple separaf ed- 

25 source sound radi star system may be constructed using a single DPAA of the design 
described herein. 

Figure 20 illustrates the use of a single DPAA and multiple reflecting or 
resonating surfaces (21 02) to present multiple sources to listeners (21 03). As it docs 
not rely cm p&ychoacoustic cues, the surround sound effect is audible throughout the 
30 listening area. 
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Tbe sound beams may be unfocussed, as described above with reference to 
Figures 7A ox 7B, ox focusssd, as described above with reference to Figure 7C The 
focus position can be chosen to be cither in from of, at, or behind the respective 
reflecloi/rcsonetcT to achieve the desired effect. Figure 21 schematically shows the 
5 effect achieved when, a sound beam is focus sed in front of and behind a reflector 
respectively. The DPAA (2301) is operable to direct sound towards the reflectors 
(3302 & 3303) set up in a room (3304). 

hi die case when a sound beam is focussed in front of a reflector {3302} at a 
point Fl (See Figure 2 1 )> '-be beam narrows at the focus point and spreads out 

10 ' thereafter The beam continues to spread after reflection from reflector and a listener 
at position Fl will hear the sound. Due to the reflection, the user win perceive the 
sound as emanating from the ghost focal potntFT. Thus fee listener at PI will 
perceive the sound as emanating from outside the room (3304), Further, the beam 
obtained is quite broad so thai a large proportion of Listeners in the bottom half of the 

15 room (3304) will hear the sound. 

In the case when a sound beam is Jbcussed behind a reflector (3303) at a point 
F2 (See Figure 21 ), the beam is reflected before it has fuBy narrowed to the focus 
point, After reflection, the beam spreads out and a listener at position F2 will be able 
hear the sound. Due to the reflection, the user will perceive the sound as emanating 

20 from the reflected focal point F2" in front of the reflector. Thus the listener at P 1 will 
perceive the sound as emanating from close by. Further, the beam obtained is quite 
narrow so that it is possible to direct sound to a smaller proportion of the listeners in 
the room. Thus, it can be advantageous fur the above reasons to focus the beams si 
positions other man the reflector/resonator. 

25 Where the DPAA is operated in (be manner previously described with 

multiple separated beams - ie. with sound signals representative of distinct input 
signals directed to distinct and separated regions - in non-anechoic conditions (such 
as in a normal room environment) wherein there are multiple hard and/or 
predominantly sound reflecting boundary surfaces, and in particular where those 

30 regions are directed at one or more of the reflecting boundary surfaces, foen using 
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only his normal directional sound perceptions an observer is easily able to perceive 
fiie separate sound fields, aod simultaneously locate each of them in space ar their 
respective separate focal regions (if there is one), due to the reflected sounds (from 
the boundaries) reaching Quo observer torn those regions. 
5 Lt is important to emphasise that in such a case the observer perceives real 

separated sound fields which in no way rely on the DPAA introducing artificial 
psycho-acoustic elements into the sound signals. Thus, the position of the observer j s 
relatively unimportant for hue sound location, so long as he is sufficiently fax from 
the ncar-ficid radiation of ihc- DPAA, In this manner, multi-channel "surround- 
1 0 sound" can be achieved with only one physical ioudspeaker (the DPAA), mating use 
of the natural boundaries found in most res) environments. 

Where similar effects are to be produced in an c^Tronment lacking 
appropriate natural reflecting boundaries, similar separated muhi-source sound fields 
can be achieved by the suitable placement of artificial reflecting or resonating 
15 surfaces where ii is desired that a sound source should seem to originate, and then 
directing beams at ihnse surfaces. For example, rn a large concert hall or outside 
environment optica I fy- transparent plastic or glass panels could be placed and used as 
sound refiectoxs wife little visual impact Where wide dispersion of the sound from 
those regions is desired, a sound scattering reflector or broadband resonator could be 
20 introduced instead (this would be more difficult but not impossible to make optically 
transparent). 

A spherical reflector can be used to achieve diffuse reflection over a wide 
angle. To further enhance the diffuse reflection effect, the surfaces should have a 
roughness on the scale of the wavelength of sound frequency it is desired to diffuse. 
25 The great advantage of this aspect of the present invention is that all of the 

above may be achieved with a single DPAA apparatus, the output signals for each 
transducer being built up from summations of delayed replicas of input signals. 
Thus, much wiring and apparatus traditionally associated with surround sound 
systems is dispensed with. 
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Sffvgnfo Aspect afjfta tavqnto 

The seventh aspect of the invention addresses (he problem that a U3eor of the 
DPAA system may nol always be easily able to locate where sound of a particular 
5 channel is being, directed or focussed at any particular time. Conversely, the user 
may want to direct or focus sound at a particular position in specs which requires a 
complex calculation as to the correct delays to apply etc. This problem is alleviated 
by providing a video camera means which can he caused to point in a particular 
direction. Means connected to the video camera can then be used to calculate which 

1 0 " direction the camera is pointing in and adjust the delays accordingly. 

Advantageously, the camera is under the direct control of the operator (for example 
on a tripod or using a joystick) and the DPAA controller is arranged to causa sound 
channel directing to occur wherever the operator causes the camera to point This 
provides a very easy to set up system which does not rely on creating mathematical 

IS models of the room or other complex calculations. 

Advantageously, means may be provided to detect where in the room the 
camera is focusaod. Then, the sound beams can be fbcussed on the same spot This 
makes setting up a system very simple since markers can be placed in a room where 
sound is desired to be fbcussed and men a camera lens can be focussed on those 

20 markers by an operator looking at a television monitor. The system can then 

automatically set up the software to calculate the correct delays for focussing sound 
to that spot Alternatively, reference points in the room can be identified to select 
sound focussing. For example, a simple model of the room can be pre-programmed 
so that an operator can select objects in the Held of view of the camera so determine 

25 the focussing distance. In both the case when the camera focus distance is used raid 
when a room model is used, it is advantageous to employ a coordinate transform 
from camera (pan, tilt distance) or mom (x.y^c) to speaker (rotation, elevation, 
distance), where the two coordinate systems have difibrent origins. 

In the reverse mode of operation, the camera may be steered automatically by 

30 the DPAA electronics such mat it points toward the direction in which a beam is 
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currently being steered, with an automatic focussing on the point where sound 
focussing occurs, if at all. This provides a great deal of nseiul set-up feedback 
information to the operator. 

Means to select which channel settings are controlled by the camera position 
5 should also he provided and these ruay ail be controlled from the handset 

Figute 22 illustrates in side view the use of a video camera (3602) positioned 
on a DPAA (3601) to point at the same point in which sound is focussed. The camera 
can be steerabie using a servo motor (3603), Alternatively, the camera tan be 
mounted on a separate tripod or be hand hold or be part of an extant CCTV system. 
10 " For CCTV applications, where Eplura]iry of cameras are used to cover an 

area, a single array can be used to direct sound to any position in the area which one 
of the cameras is pointing at. Thus, an operator can direct sound (such as voice 
commands or instructions) to a specific point in tho area/room by selecting a camera 
pointing at that point and speaking into a microphone 

IS 

Bartfa er Preferable Features 

There may be provided means to adjust the radiation pattern and focussing 
points of signals related to each input, in response to the value of the programme 
20 digital signals at those inputs - such an approach may be used to exaggerate stereo 
signals and surround-sound effects, by moving the focussing point of those signals 
momentarily outwards when mere is a loud sound to be reproduced from thai input 
only. Thus, the steering can be achieved in accordance with the actual input signal 
itself 

25 In general, wizen the focus points are moved, it is necessary to change the 

delays applied to each replica which involves duplicating or skipping samples as 
appropriate This is preferably done gradually so as to avoid any audible clicks 
which may occur if a large number of samples are skipped at once for example. 
Practical applications of Qua invcnticn'3 technology include the following: 

30 for home entertainment, the ability to project multiple real sources of sound 
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to different positions in a listening room allows tbe reproduction of muiti -channel 
surround sound without the clutter, complexity and wiring problems of multiple 
separated wired loudspeakers; 

for public address and concert sound systems, the ability to tailor the 
5 radiation pattern of me DPAA in three dimensions, and with multiple simultaneous 
beams allows: 

much fester set-up as the physical orientation of the DPAA is not very critical 
and need not be repeatedly adjusted; 

smaller loudspeaker inventory as one type of speaker (a DPAA) can achieve a 
10 " wide variety of radiation patterns which would typically each require dedicated 
speakers with appropriate horns; 

bettor intelligibility, as it is possible to reduce the sound energy reaching 
reflecting surfaces, hence reducing dorninant echoes, simply by the adjustment of 
filter and delay coefficients, and 
1 5 better control of unwanted acoustic feedback as the DPAA radiation pattern 

can be designed to reduce the energy reaching live microphones connected to the 
DPAA input; 

for crowd-control and military activities, the ability to generate a very intense 
sovatd field in a distant region, which field is easily and quickly repositionable, by 

20 focussing and steering of the DPAA beams (without having physically to move bulky 
loudspeakers and'or horns) and which ia easily directed onto the target by means of 
tracking light sources, and provides a powerful acoustic weapon which is nonetheless 
non-invasive; if a large array is used, or a group of coordinated separate DPAA 
panels possibly widely spaced, then the sound field can be made much more intense 

25 in the focal region than near the DPAA SETs (even et the lower end of the Audio 
Band if the overall array dimensions are sufficiently large). 

Any of die previously described aspects may be combined together in a 
practical device to provide i be" stared advantages. 
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Freforred Embodiment of the First Aspect: of t he Invention 

There now follows a description of a preferred embodiment of the first aspect 
of the present invention, which, as will become apparent, utilises also the techniques 
5 of the other above-described aspects. 

Referring to Figure 23, a digital sound projector 10 comprises an array of 
transducers or loudspeakers II that is controlled such that audio input signals are 
emitted as a beam of sound 12-1, 12-2 that can be directed into an - within fronts - 
arbitrary direction within the hatf-spsee in front of the arnry. By making use of 
10 ' carefully chosen reflection paiha, a listener 13 will perceive a sound beam emitted by 
the array as if originating from the location of its last reflection 

In Figure 23, two sound beams 12-1 and 12-2 are shown. The first beam 12-1 
is directed onto a side-wall 161 that may be part of a room and reflected directly onto 
the listener 13. The listener perceives this beam as originating from reflection spot 
1 5 17, thus from the right The second beam 12-2, indicated by dashed lines, undergoes 
two reflections before reaching the listener 13. However, as £he last reflection 
happens in a rear corner, the listener will perceive the sound as if emitted from a 
source behind him or hex. 

Whilst there are many nses to which a digital sound projector could be put; it 
20 is particularly advantageous in replacing conventional surround-sound systems 
employing several separate loudspeakers placed at different locations around a 
listener's position. The digital sound projector, by generating beams for each channel 
of the surround-sound audio signal, and steering the beams into the appropriate 
directions, creaks a true surround-sound at the listener position without further 
25 loudspeakers or additional wiring. 

In Figures 24 to 26, there are shown components of adigitaf sound projector 
system in form of block diagrams. At the input, common-format audio source 
materia] in Pulse Code Modulated (PCM) form is received from devices such as 
compact disks (CDs), digital video disks (DVDs) etc. by the digital sound projector 
30 as either an optical or coaxial digital data stream hi the S/PD1F format But other 
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input digital data formats can be also used. This input data may contain either a 
simple (wo channel stereo pair, or a compressed and encoded multi-channel 
soundtrack such as Dolby Digital™ 5. 1 or DTfT*, or multiple discrete digital chaaneia 
of audio mfonuatioo. 

S Encoded and/or compressed multi-channel inputs are first decoded and/or 

decompressed in a decoder using the devices and licensed firmware available for 
standard audio and video formate. An analogue to digital converter (not shewn) is 
also incorporated to allow connection (AUX) to analogue input sources which are 
immediately converted to a suitably sampled digital format The resultant output 

1 0 "comprises typically three, four or more pairs of channels, m the field of surround- 
sound, these channels are often referred to left, right, centre, surround (rear) left and 
surround (rear) right channels. Other channel may be present in the signal such as the 
low frequency effect channel (LFE). 

These channels or channel -pairs are each fed into a two-channel sample-rate- 

7 5 converter (SRC} (alternatively each channel can be passed through a single channel 
SRC) for re-synchronisah on and re-sampling to an internal (or optionally, external) 
standard sample-rate clock [SSC] (typically about 4&.SKHz or 97.6"KHz) and bit- 
length (typically 24 bit) r allowing the internal system clocks to be independent of the 
source data-ciock. This sample rate conversion elinrinaies problems due to clock 

20 speed inaccuracy, clock drift, and clock incompatibility. Specifically, if the final 
power-output stages of the digital sound projector are to be digital puise-width- 
modulation IPWM] switched types for high efficiency, it is desirable to have a 
complete synchronisation between me PWM-clock and the digital data-clock feeding 
the PWM modulators. The SRCs provide mis synchronisation, as well as isolation 

25 from the vagaries of any external data clocks. 

Finally, where two or more of the digital input channels have different data- 
clocks (perhaps because they come from separate digital microphone systems e.g.), 
then again the SRCs ensure mat internally all disparate signals are synchronised. 
The outputs of the SRCs are converted to 8 charm el b of2Abii words at an 

30 internally generated sample rate of 48.8KHz. 
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One or mare (typically two or three) digital signs] processor [DSP] emits are 
used to process die data. These may be e.g. Texas Instruments TMS320C6701 DSPi 
running at ] 33MHz, and the DSPs either perform the majority of calculations in 
QoaAisg-point format for case of coding, or in fixed-point formal for maximum 
5 processing speed. Alternatively, especially where fixed-point calculations are being 
performed, the digital signal processing can be carried out in one or more Field 
Programmable Gate Array (TPGA) units. A further alternative is a mixture of DSPs 
and FPGAs. Some or all of the signal processing may alternatively be implemented 
with customised silicon in the form of an Application Specific Integrated Circuit 
10 (ASICX 

A DSP stage performs filtering of the digital audio data input signals for 
enhanced frequency response equalisation to compensate for (he irregularities in tine 
frequency response (i.e. transfer function) of the acoustic ouipm-transducers used in 
the final stage of the digital sound projector. 

1 5 The number of separately processed channels may optionally, at this stage 

(preferably) or possibly at an earlier or later stage of processing, be reduced by 
combining additivety the (one or more) low-treqiicncy-efwcts [LFE] channel with 
one or more of the other channels, for example the centre channel, in. order to 
minimise the processing beyond (his stage. However, if a separate sub-woofer is to 

20 be used with the system or if processing power is not an issue, then the more discrete 
channels may be maintained throughout the processing chain. 

The DSP stage also performs anti-alias and tone control filtering on all eight 
channels, and a eight- times over-samp &ig and interpolation to an overall eight-times 
oversampled data rate, creating 8 chaxmelG of 24-bit word output samples a* 390 

25 KHz. Signal limiting and digital volume-contioi is perfijrmed in this DSP too. 

An ARM rmcropToceasor generates timing delay data for each and every 
transducer, from real-time beam -steering settings sent by the user to the digital sound 
projector via infrared remote control. Given that the digital sound projector is able to 
independently steer each of the output channels (one steered output channel for each 

30 input channel, typically 4 to 6), there are a large number of separate delay 
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computatioufi to be performed; this cumber is equal to the number of output channels 
trmos the number of transducers. As the digital sound projector is also able to 
dynamically steer each beam in readme, thee the computations also need to be 
performed quickly. Once computed, the delay requirements are distributed to the 
5 FPGAs (where the delays are actually applied to each of the streams of digital data 
samples) over the same parallel bus as die digital data samples themselves. 

The ARM core also handles all system inftialisation and external 
communications. 

The signal stream enters Xiliroc field programmable gate array logic that 

10 "control high-speed static buifer RAM devices to produce the required delays applied 
to the digital audio data samples of each of the eight channels, with a discretely 
delayed version of each channel being produced for each and every one of the output 
transducers (256 hi this implementation). 

Apodisation. or array aperture windowing (i.e. graded weighting factors are 

13 applied to (he signals for each transducer, as a function of each transducer's distance 
from the centre of the array, to control beam shape) is applied separately in die 
FPGA to each channel's delayed signal versions. Applying apodisation here allows 
different output sound beams to have differently tailored beam-shapes. These 
separately delayed and separately windowed digital sample streams, one for each of 8 

20 channels and for each of 256 transducers making 8 x 256 ~ 204* delayed versions in 
total, are men summed in the FPGA for each transducer to create «n individual 
390kHz 24-bit signal for each of the 256 transducer elements. Hie apodisation or 
array aperture windowing, may optionally be p erfo rmed after the "" TT T Ti n g stage for 
all of the channels at once (instead of for each channel separately, prior to the 

25 summing stage) for simplicity, but in this case each sound beam output from the 
digital sound projector will have (he same window function which may sot be 
optimal. 

The two hundred and fifty-six signals at 24-bit and 390kHz are then each 
passed through a quantizing/noise shaping circuit also in the FPGA to reduce the data 
30 sample word lengths to 8 bits at 390kHz, whilst maintaining a high signal-to-noise- 
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ratio [SNR] within the audible band (i.e. the signal frequency band from ~20Hz to 
~20KHz). 

A useful implementation practice is to make the SSC be an exact rational 
number fraction of the DSP master-pTOccesmg^clock speed, e.g. 100MHz (256- 
390,625 Hz which, locks sample data rates throughout the ay stem to the processing 
clocks, ft is advantageous to make the digital PWM timing clock frequency also an 
exact rational number traction of the DSP raaster-processing-clock speed. It is 
specifically advantageous to make the PWM clock frequency an exact integer 
multiple of the internal digital audio sample data, rate, e.g. 512 times the sample rate 
for 9-bit PWM (because V 512). The redaction of the digital data word-tengtb to 
8, whik simultaneously increasing the sample- rate is useful for several reasons: 

i) The increased sample-rate allows liner resolution of data-word delays; e.g. 
at 4SKllz data-rate, the smallest; delay increment available is I sample period, 
or -21 microseconds, whereas at I95KHz data-rate, the smallest delay 
increment available is (1 sample period) -5.1 microseconds. It w important to 
have sound-path-lengtb compensation resolution (= tune-delay resolution 
times speed- of-sound) fine compared to acoustic output-transducer diameter. 
In 21 mtcrosocoiids sound in air at KTP travels approximately 7mm, which is 
too coarse a resolution when using transducers as small as 10mm diameter; 

ii) I Us easier to convert PCM data directly to digital PWM at practical clock- 
speeds when the word-length is small; e.g. 16-bit words at 4SKHz data-rate 
require a PWM clock speed of 65536 x 48KHz - 3. 1SGH2 (large]* 
impractical), whereas S-bit words at 195KHz data-rate require a PWM clock 
speed of 256 x 390 KHz - i 00MHz {quite practical); and 

iii) because of the increased sample rate, there is an increased available signal 
bandwidth at half the sample rate, so e.g. available signal bandwidth -~96KHz 
for a sample rate of ~1 95KH&; the quantization process (reduction in number 
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of bils) effectively adds quantization noise to the digital data; by spectrally 
shaping the noise produced by the quantization process, it can be 
predominantly moved to the frequencies above the baseband signal (i.e. in our 
case above ~20KHx), m the region between the top of the baseband 
5 (~>20KKz and < available signal bandwidth ~ 9©KHz); the effect is that 

nearly all of the original signal information is now carried in a digital data 
stream with very Kttle loss in SNR. 

The data stream with reduced sample word width is distributed in 26 serial 

10 ' data streams at 31.25 Mh/s each and additional volume data. Each data stream is 
assigned to one of 26 driver boards. 

The driver circuit boards, as shown in Figure 25, which are preferably 
physically local to the transducers they drive, provide a pulse-width -modulated class- 
BD output driver circuit for each of the transducers they control. In the present 

15 example, each driver boards is connected to ten transducers, whereby the transducers 
are directly connected to the output of the class-BD output driver circuits without any 
intervening low -pass-filter [LPF}. 

Each PWM generator drives a class-D power switch or output stage which 
directly drives one transducer, or a scri es-or-p arall el-co dnected pair of adjacent 

20 transducers- The supply voltage to the class-D power switches can be digitally 
adjusted to control die output power level to the transducers. By controlling this 
supply voltage over a wide range, e.g. 1 0: 1 , flic power to the transducer can be 
controlled over a much wider range, 100:1 for a 10. 1 voltage range, or in general 
N*:l for an N:l voltage range. Thus wide-ranging level control (or "volume" control) 

25 can be achieved with no reduction in digital word length, so no degradation of the 
signal due to further quantization (or loss of resolution) occurs. The supply voltage 
variation is performed by low-loss switching regulators mounted on the same printed 
circuit boards (PCBs) as the class-D power switches. There is one switching 
regulator for each class-D switch to minimise power supply line inier-modulation. To 

30 reduce cost, each switching regulator can be used to euppty pairs, triplets, quads or 
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other integer multiples ofclass-D power switches. 

The class-D power switches or output stages, directly drive the acoustic 
output transducers. In normal class -D power amplifier drives, i.e. the very commonly 
used so-called * class- AD" amplifiers, it is necessary to place an electronic low-pass- 
5 filter [LPF] (invariably, an analogue electronic LPF) between the class -D power 
stage and the transducer. This is because the common forms of magnetic transducer 
(and even more so, piezoelectric transducers) present a low load-iinpedaucc to tbe 
high-frequency P WM carrier frequencies present at high energy in class- AD 
amplifier outputs. E.g. a class- AD amplifier with zero baseband input signal 

10 ' continues to produce at its output a full amplitude (usually bipolar) 1 : 1 mark-space- 
ratio rMSRJ output signal at the PWM switching frequency (in the pre seal case this 
would be at -50 or lOQMHz). which if connected across a nominal S Ohm load 
would dissipate full available power in that load, whilst creating no useful acoustic 
output signal. The commonly used electronic LPF has a out off frequency above the 

15 highest wanted signal output frequency (e.g. > 2QKHz) but well bekw (he PWM 
switching frequency ( eg. ~50MHz>, thus effectively blocking the PWM carrier and 
mmixnisiDg the wasted power Such LPFs have to transmit the full signal power to 
the electrical loads (eg the acoustic transducers) with as low power-loss as possible; 
usually these LPFs use a minimum of two power- inductors and two, or more usually, 

20 three capacitors; the LPFs are buUcy and relatively expensive to build. 1c single- 

channel (or few-channel) amplifiers, such LPFs can be tolerated on cost grounds, and 
most importantly, in PWM amplifiers housed separately from their loads (e.g. 
conventional loudspeakers) which need to be connected by potentially long leads to 
their loads, such LPFs are in any case necessary for quite different reasons, viz. to 

25 prevent the high-frequency PWM carrier getting into the connecting leads where it 
will most likely cause unwanted stray electromagnetic radiation [EMI] of relatively 
high amplitude. 

In die digital sound projector, the acoustic transducers are connected directly 
to the physically adjacent PWM power switches by short leads and all are housed 
30 within the same enclosure, enminating the problems of EMI. In the digital sound 
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projector, the PWM generators arc of a type known as class-BD; mese produce class- 
BD PWM signals which drive the output power switches and these in turn drive the 
acoustic ouiput transducers. Class-BD PWM output signals have the property that 
they return to zero between the foil amplitude bipolar pulse outputs, and thus are 
5 tristate, not bistate like class- AD signals. Thus, when the digital input signal to a 
class-BD PWM system is xero, then the class-BD power output state is zero, and not 
a full-power bipolar 1 : ] MSR signal as is produced by class- AD PWM. Thus the 
class-BD PWM power switch delivers zero power to the load (the acoustic 
transducer) In tin's state: no LPF is required as there is no full-power PWM carrier 

1 0 ' signal to block. Thus in the digital sound projector, by using as array of class-BD 
PWM amplifiers in drive directly an integral an ay of transducers, a great saving in 
cost, and lost power, is achieved, by eliminating the need for an army of power LPVs. 
Class-BD is rarely used in conventional audio amplifiers, frrctfy because it is more 
difficult to make a very high linearity class-BD amplifier, than a similarly linear 

15 ciass-AD amplifier, and secondly because for the reasons stated above an LPF is 
generally required anyway, for EMI considerations, thus negating die principal 
benefits of class-BD. 

The acoustic output transducers themservca are very cEectrve cloctroacoustio 
LPFs and so an absolute mini mum of PWM carrier from the class-BD PWM stages is 

20 emitted as acoustic energy. Thus in tiie digital sound projector digital array 

loud speaker, the combination of class-BD PWM with direct coupling to in-the-same- 
box acoustic transducers and without electronic LPFs, is a very effective and cost 
effective solution to high-efficiency, bjgh-parwer> multiple transducer deving. 
Furthermore, since the sound of any one {or more) output channels corresponding to 

25 one of the input channels, heard by a listener to fee digitaJ sound projector, is a 

summation of sounds from each and every one of the acoustic output transducers and 
thus related to a summation of the outputs from each of the power-amplifier stages 
driving those transducers, oorHSystematic errors in the outputs of the power switches 
and transducers will tend to average to zero and be minimally audible. Thus an 

30 advantage of the array loudspeaker constructed as described is that it is more 
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forgi vuig of the quality of individual components, than in a conventional non-array 
audio system. 

In a particular implementation of the digital sound projector with 254 
acoustic output transducers arranged in a triangular array of roughly rectangular 
5 extent with one axis of the array vertical (and of extent 7 vertical columns of 20 
transducers each separated by 6 column of 1 9 transdocers) and with every second 
output transducer in each vertical column of transducers connected electrically in 
series or in parallel with the transducer immediately below h% this results in one 
hundred and thirty two (132) different versions of each of die channels, the number 

10 "of channels being five in this example,Le. 3 six hundred and sixty channels in total A 
transducer diameter email enough to ensure approximately omnidirectional radiation 
from the transducer up to high audio frequencies (e.g. > 12KHz to ISKHz) is 
important if the digital sound projector is to be able to steer beams of sound at small 
angles from the plane of (he transducer array. Thus a transduce* diameter of between 

1 5 Snaiu and 30mm is optimum for whole audio-band coverage. A trxnsduca-to- 

UTixvsducer spacing small conrpared with the shortest wavelengths of sound to emitted 
by the digital sound projector is desirable to minimise the generation of "spurious" 
aidelobes of acoustic radiation (i.e. beams of acoustic energy produced inadvertently 
and not emitted in the desired direction^}). Practical considerations on possible 

20 transducer sizt dictate that transducer spacing in the range 5mm to 45mm is best A 
triangular array layout is also be&t for high-areal-pacicing density of transducers in 
the array. 

As illustrated by Figure 26, the digital sound projector user-interface 
produces overlay graphics for on-screen display of setup, status and control 

25 information, on an} r suitably connected video display, e.g a plasma screen. To this 
end the video signal from any connected audio-visual source (e,g. a DVD player) 
may be looped through the digital sound projector en route to the display screen 
where the digital sound projector status and command information is fhen also 
overlayed on the programme video. If the process delay of the signal processing 

30 operations from end to end of the digital sound projector ace sufficiently long, (e.g. 
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when the length of the compensation filler running on the first two DSPs which 
depends on the transducer linearity and the equalisation required, is long) then to 
avoid lip-sync problems, an optional video frame store can be incorporated in the 
loop-through video path, to re-synchronise the displayed video wife the output 
5 sound. 
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At- 
CLAIMS 

1. A method of mating a sound Bdd comprising a plurality afcbsjmtls 
of sound using an array of output transducers, said method comprising; 

5 for each channel, detecting a first delay value in respect of each output 

transducer, said first delay value being chosen in accordance with too position in the 
array of the respective transducer; 

selecting a second delay value for each channel, said second delay value 
being chosen in accordance with the expected travelling distance of sound waves of 
10 " that channel from said array to a listener, 

obtaining, in respect of each output transducer, tt delayed replica of a signal 
representing each channel, each delayed rephca being delayed by a value having a 
first component comprising said first delay value and a second component 
comprising said second delay value. 

15 

2. A method according to claim I or 2, wherein said second del ay is 
applied to each signal representing said channel before said signal is replicated ; each 
replica then being delayed by the respective Ersi delay value. 

20 3 . A method according to claim I or 2, wherein said first delay value is 

also chosen in accordance with a given direction so that cadi channel of sound is 
directed in respective direction. 

4 . A method according to claim 3, wherein each channel is directed in a 
25 different respective direction. 

5. A method according to any one of the preceding claims, wherein said 
second delay value is chosen such that corresponding parts of all sound channels 
reach the listener at substantially the same time. 

30 
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6. Apparatus for creating a sound field comprising: 

& plurality of inputs for « plurality of respective signals representing different 
sound channels; 

an array of output transducers; 
5 replication means arranged to obtain, in respect of each output transducer, a 

replica of each respective input signal; 

first delay means arranged to delay each replica of each signal by a respective 
first delay value chosen in accordance with the position in the amy of the respective 
output transducer. 

10 * second delay means arranged to delay each replica of e«h signal by a second 

delay value chosen for each channel in accordance with the expected travelling 
distance of sound waves of that channel from the array to a listener. 

7. Apparatus according to claim 6, wherein said second delay means is 
1 5 arranged to delay said input signals before they are replicated by said replication 

means. 

g. Apparatus according to claim 6 or 7, wherein said first delay value is 
also chosen tn accordance with a given direction so that each channel of sound is 
20 directed in said respective direction. 

9. Apparatus according to claim 8, wherein each channel is directed in a 
different direction. 

25 10. Apparatus according to any one of claims 6 to 9. wherein said second 

delay means is arranged to choose said second delay for each channel such that all 
sound channels reach a listener at substantially the same time. 

11. A method of creating a sound field comprising a centre channel and at 
30 least one surround sound channel using an array of output transducers to direct the at 



(91) 



-50- 

Icasl one surround sound channel in a pr^eternrmed direction, said method 
comprising: 

for the al least one swrouud sound channel, sheeting a first delay value va 
respect of each output transducer, said first delay values beiag chosen in accordance 
with the position in the array of the respective transducer bo as to direct the chancel 
in said predetermined direction; 

8 electing a second delay value for the centre channel, said second delay value 
being chosen m accordance with the expected travelling distance of sound waves of 
the channels from the array to the listener; 

obtaining, in respect of each output transducer, a delayed replica of a signal 
representing the at least one surround sound channel, each delayed replica being 
delayed by the first delay value calculated for that oottpat transducer and that channel; 

obtaining, in respect of ewch output transducer, a delayed replica of a signal 
representing the centre channel, each delayed replica being delayed by said second 
delay value; 

outputting said delayed replicas using said amy of output transducers. 

12. A method according to claim 1 1 , further comprising: 

for the centre channel, selecting a first del ay value in respect of each output 
transducer, said first deiay values being chosen in accordance with the position in the 
array of the respective transducer so as to direct the centre channel in a 
predetermined direction; 

and wherein said step of obtaining, in respect of each output transducer, a 
delayed replica of a signal representing the centre channel further coxnpnsts: 

delaying each replica of the signal representing said centre channel by the 
first delay value calculated for the respective output transducer and the centre 
channel. 

13. A method according to claim 11, wherein replicas of the signal 
representing said centre channel are not delayed by values other than said second 
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delay value, said second delay values being the same for each replica of the signal 

14. A method, according to any one claims It tolJ, further comprising; 

for flic at least one surround sound channel,, selecting a second delay value in 
5 respect of each output transducer, said second delay vahie being chosen in 
accordance with the expected travelling distance of so\md waves of the channel* 
from the array to the listener; 

and wherein said step of obtaining, in respect of each output transducer, a 
delayed replica of a signal representing the at least one surround sound channel 
10 ' further comprises; 

delaying each replica of (be Bignai representing said at least one surround 
sound channel by the second delay value calculated for the respective output 
transducer and the at least one surround sound channel. 

IS 15. A method according to any one of claims I L to 14, wherein, said 

second delay is applied to each signal representing said centre channel before said 
signal is replicated. 

16. A method according to any one of claims 1 1 to 1 5, wherein said sound 
20 field comprises two surround sound channels, each surround sound channel being 

directed in a different direction. 

17. A. method according fo any one of claims tl to L6, wherein said 
second delay value is chosen such that corresponding parts of a)] sound channels 

25 reach the listener at substantially the same time. 

18. A method according to any one of claims 1 1 to 17, wherein said 
delayed replicas of the signal representing the at least one surround sound channel 
are added to respective delayed rephcas of the signal representing the centre channel 

30 before being output by the respective output transducers. 
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19. A method according to any one of claims 1 1 to 18, wherein the sound 
waves of said at least one surround sound channel are bounced off a surface such as a 
■wall before reaching the listener. 

5 20. Apparatus for creating a sound field comprising: 

means for receiving a plurality of input signals representing at least on© 
surround sound channel and a centre channel; 
an array of output transducers; 

replication means arranged to obtain, in respect of each output transducer, a 
10 raphe* of said signal representing said at kast one surround sound channel and a 
replica of said signal representing a centre channel; 

first delay means arranged to delay each replica of said signal representing 
said at least one surround sound channel by a respective first delay value chosen in 
accordance with the position in the array of the respective transducer so as to direct 
15 the channel in a prcfotcnxirnetl direction; 

second delay means arranged to delay each replica of said signal representing 
said centre channel by a second delay value chosen in accordance with the expected 
travelling distance of sound waves of the channels from the array to a listener. 

20 21. Apparatus according to claim 20, wherein said first delay means is 

also arranged to delay each replica of said signal representing said centre channel by 
a respective first delay value chosen in accordance ■with the position hi the array of 
the respective transducer so as to direct the centre channel in a predetermined 
direction- 

2S 

22. Apparatus according to claim 20 or 21 , wherein said second delay 
means is also arranged: to delay each reptioa of said signal representing said at least 
one surround sound channel by a respective second delay value chosen in accordance 
with the expected travelling distance of sound waves of the channels from the array 
30 to !he listener- 
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23. Apparatus according to any oue of claims 20 to 22, wherein said 
second delay means is arranged to delay raid input signals before they are replicated 
by said replication means. 



5 24. Apparatus according to any one of claims 20 to 23 r wherein said 

sound field comprises two surround sound channels, and said Erst delay means is 
arranged to cause each surround sound channel lo be directed in a different direction. 



25. Apparatus according to any one of claims 20 to 24, wherein said 
10 ' second delay means is arranged to choose said second delay for the channels sacb 
thai all sound channels reach a tisteuer at substantially the same time, 



26. Apparatus according to any one of claims 20 to 25, wherein said first 
delay means and said second delay means are the same physical means. 

15 

27, A method according to any one of claims 1 1 to 19 or an apparatus 
according to any one of claims 20 to 26, wherein said output transducers are directly 
driven by class-BD PWM amplifiers. 



20 2 S . A method of providing temporal correspondence between pictures and 

sound in an audio-visual presentation using an array of output transducers to 
reproduce the sound content comprising & plurality of channels, said method 
comprising: 

delaying, ra respect of each output transducer, a replica of each signal 
25 representing a sound channel by a respective audio delay value; 

delaying a video signal by a video delay value calculated so corresponding 
video pictures are displayed at substantially the time the temporally corresponding 
sound channels reach the listeria-. 

30 29. A method according to claim 28, wherein each audio delay value is 
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calculated m accordance with the position in me array of the respective transdvwer. 

30. A method according (o claim 29, whotcin each audio delay vahie is 
also calculated in accordance with the expected travelling distance of sound waves of 

5 thai channel frorn said array to a listener. 

31. A method according to claim 30, wherein each audio delay value is 
calculated such thai temporally corresponding parts of each sound channel reach the 
listener at substantially (he some time. 

JO 

32. A method according to any one of claims 28 to 3 1, wherein said video 
delay value is calculated so as to have a component equal to the time taken for the 
sound channel having the greatest distance to travel between said array and said 
listener io travel between said array and said listener. 

15 

33 . Apparatus to provide temporal correspondence between pictures and a 
plurality of sound channels in an audio-visual presentation «Mnprising: 

a» array of output transducers; 

replication and delay means arranged to obtain, io respect of each output 
20 transducer, a del ayed rephca of each signal representing a sound channel; 

video delay means arranged to delay a corresponding video signal by a video 
delay value calculated so corresponding video pictures are displayed at substantially 
the time the temporally corresponding sound channels reach the listener. 

25 34. Apparatus according to claim 33„ wherein said replication and delay 

means is arranged so that each audio delay value is calculated in accordance with me 
position in the array of the respective transducer. 

35. Apparatus according to claim 34, wherein said replication and delay 
30 means is arranged so thai each audio delay value is also calculated in accordance 
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with tlvs expected travelling distance of sound waves of 1h&* channel from said army 
to a listener. 



36. Apparatus according to claim 35, wherein said replication and delay 
S means is arranged w that each audio delay vahie is calculated such that temporally 
corresponding ports of each sound channel reach the listener at substantially the san 
lime. 



37. Apparatus according to claims 33 to 36, wherein said video delay 
10 ' means is arranged so That said video delay value is calculated so as to be e^ual to the 
time taken for the sound channel having the greatest distance to travel between said 
array and said listener to travel between said array and said listener. 



38. A method of creating a sound field comprising a plurality of channels 
15 of sound using an array of output transducers, said method comprising: 

for each channel, obtaining, in respect of each output transducer, a replica of a 
Signal representing said channel so as to obtain a set of replica signals for each 
channel; 

applying a first window function to a first set of rephca signals originating 
20 from a first sound channel signal; 

applying a second, different, window function to a second set of replica 
signals originating from a second sound channel signal. 



39 . A method according to claim 38, wherein applying a window function 
25 comprises; 

attenuating or amplifying each rephca signal such that rephca signals destined 
for output transducers near the centre of the array are attenuated less or amplified 
more than replica signals destined for output transducers near the edges of the array, 
the amount of attenuation or amplification being determined by said window 
30 function. 
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40. A method according to claim 38 or 39, wherein die window function 
used is selected in accordance with how the respective sound channel is output by the 
array. 

5 41. A method according to any one of claims 38 to 40, wherein the 

window function used is selected id accordance with a required beam type for thai 
channel, 

42. A method according to any one of claims 38 lo 41, wherein the 
1 0 - window function used has a shape alterable as a function of a volume control. 

43. Apparatus to create a sound fieW comprising a phjrabty of channels of 
sound, comprising: 

an array of output transducers; 
1 5 replication means for providing, in respect of each output transducer, a replica 

of a signal representing each of said plurality of channels; 

windowing means for applying a firat window function to a first set of replica 
signals originating from a first sound channel signal and for applying a second, 
Afferent, window function to a second set of replica signals originating from a 
20 second channel signal. 

44. Apparatus according io claim 43 T wherein said windowing means is 
arranged to attenuate or amplify each replica signal such that replica signals destined 
for output transducers near Che centre of the array are attenuated less or amplified 

25 more man replica signals destined tor output transducers near the edges of the array, 
the amount of attenuation or ampb&caticn being determined by said window 
function. 



45. Apparatus according to claim 43 or 44, wherein said windowing 
30 means is provided dnectiy after said replication means. 
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46. Apparatus according to any one of claims 43 to 45, wherein said, 
windowing means is ai ranged to select a window function in accordance with a 
required beam type for that channel. 

5 47. Apparatus according to any one of claims 43 to 4fi v wherein the 

window function applied to a sot of replicas originating from a signal representing a 
channel is altered in shape in accordance wife the volume selected for said channel 

48. A method of creating a sound field using an array of output 
10 ' transducers, said method comprising: 

dividing an input signal into at least a low frequency component and a high 
frequency component; 

using output transducers spanning a first portion of the array to output said 
low frequency component; and 
15 using output transducers spanning a second portion of said array smaller than 

said first portion to output said nigh frequency component 

49. A method according to claim 48. wherein said second portion 
comprises a subset of said output transducers located near the centre of the array, 

20 

50. A method according to claim 48 or 49, wherein there are 3 or more 
divided signal frequency components and the portion of the array used for a signal 
component is determined such that the ratio of the shortest wavelength in said signal 
component to the portion of array used to output said signal component is 

25 substantially constant few all signal components. 

51. A method accordmg to any one of claims 4S to 50, wherein strid 
second portion of the array used for said high frequency component is not used for 
said low frequency component, 

30 
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52. A method according to any one of claims 48 to 51, wherein said 
second portion of the array used for said high frequency component comprises a 
greater density of output transducers than the array as a whole on average. 

5 53. An apparatus arranged to perform the method according to any one of 

claims 4S to 52. 

54. Apparatus for creating a Bound field comprising: 

an array of output transducers wherein in a first are* of the array the output 
10 ' transducers are more densely packed than in the remainder of said array. 

55. Apparatus according to claim 54. wherein said first area. i$ located 
substantially at the centre of the array. 

1 5 56. Apparatus according to claim 54 or S 5, wherein the output transducers 

in said first area are Less powerful than the output transducers in the remainder of the 
array. 

57. Apparatus according to any one of daims 54 to 56, wherein the output 
20 transducers in said first area are smaller than the output transducers in the remainder 

of die array. 

58. Apparatus according to any one of claims 54 to 57, further comprising 
means for routing a high frequency component of a signal to said first area of the 

25 array, but not to the remainder of the array. 

59. Apparatus according to any one of claims 54 to 53, further comprising 
meaus to route a low frequency components of a signal to the remainder of the array. 



30 



60. An array of output transducers positioned next to each other in a imc; 
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whcrein each of said output transducers has a dimension in the direction 
perpendicular to said line larger than the dimension parallel to said line. 

61. An array according to claim 60, wherein each output transducer has an 
5 aspect ratio defined as the ratio of the dimension perpendicular to fee lino to the 

dimension parallel to the line and said aspect ratio is at least 2:1. 

62. An array according to claim 61, wherein said aspect ratio is st least 

3:1. 

10 

63. An array according to any one of claims 60 to 62, wherein said 
arrangement ie auch that sound is concern rated substantially in a plane containing 
said line and est ending perpendicularly away Sroin the sound emitting side of said 
transducers. 

15 

64. A method of causing plural input signals representing respective 
channels to appear to emanate from respective different positions in space, said 
method comprising: 

providing a sound reflective or resonant surface at each of said positions in 

20 space; 

providing an array of output transducers distal from said positions in space; 

and 

directing, using said array of output transducers, sound waves of each channel 
towards the respective position in space to cause said sound waves to be re- 
25 transmitted by said reflective or resonant surface, said sound waves being focussod at 
a position in space in front of, or behind, said reflective or resonant surface; 

said step of directing comprising: 

obtaining, in respect of each transducer, a delayed ropiica of each input signal 
delayed by a respective delay selected in accordance with the position in the array of 
30 the respective output transducer and said respective roens position such that the 
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souod waves of the channel are directed towards the focus position in respect of that 
channel; 

summing, in respect of each transducer, ate respective delayed replicas of 
each input signal to produce an output signal; and 

routing the output signals to the respective transducers. 

65. A method according to claim 64, wherein said step of obtaining, In 
respect of each output transducer, a delayed replica of the input signal comprises". 

replicating said input 6igucU said predetermined number times to obtain a 
replica signal in respect of each output transducer; 

delaying each replica of said input signal by said respective delay selected in 
accordance with the position in the array of the respective output transducer and the 
desired position of focus. 

66. A method according to claim 64 or claim 65, farther cotnprisiog: 
calculating, before said delaying step, the respective delays in respect of each 

input signal replica by: 

determining the distance between each output transducer and the focus 
position in respect of that input signal; 

deriving respective delay values such that the sound waves from each 
transducer for a single channel arrive at eaid focus position in space stmnhaneously. 

67 . A method according io any one of claims 64 to 66, wherein at least 
one of said surfaces is provided by a wall of a room or other permanent structure. 

68. An apparatus for causing plural input signals representing respective 
channels to appear to emanate from respective different poeiiions in space, said 
apparatus comprising. 

a sound reflective or resonant surface at each of said positions in space; 
an array of output transducers distal from said positions in space; and 
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a controller for directing, using said array of output transducers, sound, waves 
of each channel towards that channel's respective position is space such that said 
sound waves are re-transmitted by said reflective or resonant surface, said sound 
waves being focussed at a portion in space in front of, or behind, said reflective or 
5 resonant surface; 

said controller comprising; 

replication and delay means arranged to obtain, in respect of each transducer, 
a delayed replica of the input signal delayed by a respective delay selected in 
accordance with the position in the array of the respective output transducer and the 
1 0 " respective focus position such thai the sound waves of the channel are directed 
towards the focus position in respect of that input signal; 

adder means arranged to sum, in respect of each transducer, the respective 
delayed replicas of each input signal to produce an output signal; and 

means to route the output signals to die respective transducers such that the 
1 5 channel sound waves are directed towards the focus position in respect of that input 
signal. 

69 . An apparatus according to claim 68, whereto said controller further 
comprises: 

20 calculation means for calculating the respective delays in respect of each 

input signal replica by; 

detemuning the distance between each output transducer and the frcus 
position in respect of that input signal; 

deriving respective delay values such that the sound waves from each 
25 transducer for a single channel arrivo at said focus position simultaneously. 

70. An apparatus according to claims 68 or 69, wherein said surfaces are 
reflective and have a roughness on the scale of the wavelength of sound aeqoency it 
is desired to diffusely reflect. 

30 
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71. An apparatus according to any one of claims 68 to 70, wherein said 
surfaces are optically- transparent . 

72. An apparatus according to any one of claJms 6S to 7 1 , wherein at least 
5 one of said surfcees is a wali of a room or other permanent structure. 



73. A method of selecting a direction in which to focus sound, said 
method comprising; 

pointing a video camera in the desired direction, using the view finder or other 
J 0 screen means to determine if the direction is that desired; 

calculating a plurality of signal delays to be applied to a set of replicas of an 
input signal so as to direct sound in the selected direction. 



74. A method of determining where sound is directed, said method 
1 5 comprising: 

automatically adjusting the direction in which a video camera points in 
accordance with the direction in which sound is directed; 

discerning from the view finder or other screen means which direction the 
camera is pointing in, 

20 

75. A method according to claim 73 or 74, wherein said sound is ibcussed 
and said camera, is arranged to be foe us sed at the same position as said sound 



76. A method according to claim 73 or 74, wherein said sound is focussed 
25 using reference points in the room. 

77. An apparatus for setting up or monitoring a sound field comprising: 
an array of output transducers; 

a dircctable video camera; 
30 means controlling said array of output transducers and said video camera such 
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that said video camera points in the same direction as a sound beam from said array 
16 directed. 

78. An apparatus according to cJaim 77, wherein said camera is attached 
to said array. 

79. An. apparatus according to claim 77 or 78. wherein said sound beam ia 
arranged to be focused and said camera is arranged to be focussed at substantially 
the same point. 

80. An apparatus according to claim 77 or 79, wherein said sound beam is 
arranged to be focussed at a reference point within the camera's £eld of view. 
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